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FOREWORD 

Arrays  of  receivers  are  used  in  many  fields  of  science  and 
engineering  - e.g.,  radio  astronomy,  seismology,  underwater 
acoustics,  radar  and  medical  ultrasonics.  Although  there 
are  great  differences  in  the  hardware  for  processing  the 
signals  received  by  such  arrays,  the  underlying  principles 
are  generally  similar. 

Recognising  that  there  are  a number  of  people  working  with 
various  typos  of  arrays  in  Australia,  a two-day  Symposium  at 
the  Weapons  Research  Establishment,  Salisbury,  South  Australia, 
was  sponsored  by  the  Defence  Science  and  Technology  Organi- 
zation of  the  Australian  Department  of  Defence.  There  were 
about  100  attendees,  including  several  from  overseas.  -/ 

In  editing  the  Proceedings  of  this  Symposium,  I have  been 
greatly  assisted  by  a number  of  colleagues.  I wish  to 
express  my  appreciation  to  them  and  to  the  authors  for  their 
co-operation.  In  particular,  I wish  to  acknowledge  the 
invaluable  help  of  Professor  R.G.  Keats  of  the  Mathematics 
Department,  University  of  Newcastle,  N.S.W. 


H.A.  d'Assumpcao 
Symposium  Convener 


L 


□ □ 


WRE-MISC-1 


table  of  contents 


Page  No. 


ARRAY  PROCESSING:  PUTTING  THE  PIECES  TOGETHER  1 

Professor  P.L.  Stocklm 

ARRAY  TECHNIQUES  IN  DIAGNOSTIC  ULTRASOUND  2-18 

D.F..  Robinson  and  G.  Kossoff 

SIGNAL  PROCESSING  IN  RADIO  ASTRONOMY  19  - 29 

J.P.  Wild 

ACOUSTIC  AND  OPTICAL  PROCESSING  FOR  RADIO  ASTRONOMY  ARRAYS  30  - 42 

T.W.  Cole 

DIGITAL  SIGNAL  PROCESSING  FOR  MULTI -ELEMENT  ARRAYS  43  - 48 

D.F.  Crawford 

AN  ULTRASONIC  IMAGING  SYSTEM  FOR  USE  WITH  A LARGE  AERIAL  ARRAY  49  - 54 

D.N.  Hart 

SIGNAL  PROCESSING  IN  SEISMOLOGY  55  - 64 

Gordon  Newstead 


NTH  ROOT  PROCESSING  OF  SEISMIC  SIGNALS  65  - 79 

K.J.  Muirhead  and  Ram  Datt 

MEASUREMENT  OF  PHASE  VELOCITY  OF  MICROSEISMS,  USING  A SMALL  80  - 92 

EXPANDING  SEISMIC  ARRAY 

M.W.  Asten 

SOME  QUADRATIC  PROCESSORS  FOR  ESTIMATING  DIRECTIONALITY  93-115 

H.A.  d'Assumpcao 

SUM  AND  SQAVlRE  LAW  SIGNAL  PROCESSORS  WITH  MULTIPLE  CLIPPED  INPUTS  116  - 131 

Professor  R.G.  Keats 

MEASURING  THE  DIRECTIONS  OF  INTERFERING  SIGNALS  USING  SMALL  ARRAYS  132  - 139 


J.D.  Henstridge 


Page  No. 

MAXIMUM  ENTROPY  SIGNAL  PROCESSING  140  - 158 

Dr.  D.A.  Gray 

A FLEXIBLE  TIME  DOMAIN  BEAMFORMER  159  - 164 

P.C.  Drewer 

TROPOSPHERIC  MULTIPATH  PROPAGATION  ANALYSIS  USING  A MICROWAVE  165  - 182 

HOLOGRAPHIC  ARRAY 

J.M.  Burton  and  J.V.  Murphy 

SCAR  - THE  MPL  SCATTERING  ARRAY  183  - 191 

T.G.  Birdsall  and  G.T.  Kaye 


ARRAY  PROCESSING:  PUTTING  THE  PIECES  TOGETHER 


Professor  P.L,  Stocklin 
Loughborough  University  of  Technology 


SUMMARY 


The  purpose  of  this  paper  is  to  outline  and  demonstrate 
the  common  principles  of  modem  approaches  to  array  pro- 
cessing. Technological  developments  associated  with 
several  of  these  approaches  are  discussed  and  compared. 

The  paper  is  divided  into  three  parts.  In  the  first, 
Part  I:  Conceptual,  decision  theory  in  its  sampled  and 
amplitude-quantized  version  is  used  to  develop  basic 
array  processing  principles,  primarily  the  structures 
used  for  processing.  Criteria  and  performance  are 
illustrated. 

Part  II:  Examples  demonstrates  these  principles  in 
classical  beam  formation,  spatial  adaptive  processing 
and  superdirective  arrays.  The  common  principle 
behind  these  examples  is  formally  demonstrated  and  the 
characteristics  of  the  noise  and  signal  fields  leading 
to  these  examples  are  contrasted. 

Part  III:  Supporting  Technology  summarizes  constraints 
and  approaches  in  the  technology  of  array  processing. 
Low-bit,  delta  modulation,  transversal  filter,  Gram- 
Schmidt  and  convolutional  array  methods  are  included, 
together  with  discussion  of  matrix  inversion  as  it 
applies  to  adaptive  processing. 


Paper  not  available 
on  publication 
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ARRAY  TMGHNIQULS  IN  DIAGNOSTIC  ULTRASOUND 

D.H.  Robinson  and  G.  Kosso^f, 
Ultrasonics  Institute,  Sydney 


SUMMARY 

The  ultrasonic  pulse-echo  visualisation  technique  has  found  widespread 
application  in  medical  diagnostics,  particularly  in  soft  tissued  areas  such  as 
the  abdomen  and  pregnant  uterus,  eye,  breast,  thyroid  and  the  infant  brain. 

The  similarities  and  differences  between  the  imaging  for  the  ultrasonic  technique 
and  that  for  radar,  sonar  and  exploration  seismology  are  outlined;  in  particular, 
the  differences  in  signal  processing  requirements  are  discussed.  Three  new 
departures  in  ultrasonic  visualisation  under  development  at  the  Ultrasonics 
Institute  are  described.  These  are  a multi-transducer  array  for  improved 
clinical  operation,  an  annular  array  for  diagnostic  focusing  and  a linear  array 
for  beam  steering  and  focusing.  The  application  of  two-dimensional  processing 
techniques,  using  either  the  multi-transducer  or  the  wide  aperture  arrays,  and 
their  role  in  future  ultrasonic  systems,  are  discussed. 
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1 . INTRODUCTION 

Ultrasonic  pulse  echo  visualisation  techniques  have  received  widespread 
acceptance  in  clinical  practice  in  many  diagnostic  areas.  They  are  used 
predominantly  in  the  examination  of  soft  tissues  and  have  found  application  in 
the  abdominal  organs,  pregnant  uterus,  heart,  eye,  thyroid,  breast  and  infant 
brain.  As  the  resolution,  sensitivity  and  display  techniques  have  improved, 
the  technique  has  been  used  in  an  ever  widening  range  of  areas  and  conditions 
(ref.l).  The  aim  of  this  paper  is  to  describe  the  basic  properties  of  this 
visualisation  method,  compare  it  with  the  somewhat  similar  techniques  of  radar, 
sonar  and  exploration  seismology,  and  describe  some  of  the  processing  being  used 
and  in  the  course  of  development  at  the  Ultrasonics  Institute. 

In  ultrasonic  visualisation,  short  pulses  of  energy  are  propagated  in  a 
narrow  beam  into  the  examined  volume,  echoes  are  returned  by  specular  reflecting 
surfaces  and  scatterers  within  the  tissue.  The  time  delays  of  these  echoes 
depend  on  the  distance  to  the  reflector  and  the  velocity  of  propagation  in  the 
intervening  medium.  A cross  sectional  display  similar  to  a radar  PPI  can  be 
obtained  by  moving  the  transducer  line  of  sight  around  the  part  to  be  examined 
within  a single  plane  with  a scanning  motion.  A line  on  the  CRT  screen  is 
moved  in  a similar  fashion  and  echoes  displayed  as  intensification  of  the  line 
may  be  stored  either  in  a storage  tube,  a scan  convertor  tube  or  directly  on 
film  with  time  exposure.  The  display  resembles  an  anatomical  cross  section 
with  bright  outlines  for  reflecting  surfaces  between  organs  and  textured  echoes 
from  within  structures  with  scattering  properties  (figure  1). 

1.1  Pulse  echo  techniques 

Superficially,  the  ultrasonic  technique  would  appear  to  have  much  more  in 
common  with  radar  and  active  sonar,  and  somewhat  less  in  common  with 
exploration  seismology.  In  fact  the  basic  differences  between  the  techniques 
are  quite  large  and  probably  exploration  seismology  is  closest.  The 
differences  can  be  examined  under  the  general  headings  of  beam  pattern,  echo 
signal  properties  and  properties  of  the  transmission  medium  and  reflectors. 

1 . 2 Beam  patterns 

The  beam  pattern  parameters  of  typical  pulse-echo  systems  are  shown  in 
Table  1.  The  range  to  aperture  ratio  is  a measure  of  the  ability  to  focus 
the  system  and  is  equivalent  to  the  f number  or  the  reciprocal  of  twice  the 
numerical  aperture  in  a focused  optical  system.  As  in  optics,  a small 
range/aperture  ratio  or  large  numerical  aperture  implies  a sharp  focus  and  a 
small  depth  of  field.  The  aperture  to  wavelength  ratio  is  a measure  of  the 
azimuthal  resolution  of  the  system.  It  also  influences  the  diffraction 
limited  resolution  of  a focused  system.  A large  value  reduces  the  beam 
width  in  the  far  field  and  improves  the  resolution  at  the  focus.  The  ratio 
of  range  to  near  field  length  (given  by  A2/4X,  where  A is  the  linear  aperture 
and  X is  the  wavelength)  indicates  whether  the  system  is  operating  in  the  near 
or  far  field.  A value  less  than  one  indicates  operation  in  the  near  or 
diffraction  field.  In  this  range,  an  increase  in  aperture  increases  the 
beam  width  unless  the  system  is  focused. 

Sonar (ref. 2)  and  radar (ref. 3)  systems  operate  in  the  far  field  and  the  beam 
pattern  can  be  adequately  represented  by  a polar  diagram.  A larger  aperture 
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and  a higher  frequency  give  rise  to  a narrower  beam.  The  target  distance 
to  aperture  ratio  is  very  large  and  no  focusing  action  is  possible. 

Exploration  seismology (ref . 4)  uses  an  expanding  wavefront  with  beam-forming 
from  received  signals  from  an  array,  usually  a linear  array  of  24  elements. 

The  depth  to  aperture  ratio  allows  reasonable  focus,  the  aperture  to 
wavelength  ratio  implies  that  a narrow  beam  and  sharp  focus  are  possible  and 
the  system  operates  in  the  near  field.  The  transmitter  is  a point  source 
and  focusing  is  carried  out  by  processing  of  the  received  data.  Although 
it  is  not  thought  of  in  this  way,  the  procedure  of  normal  move-out  correction 
and  stacking  is  equivalent  to  one  dimensional  focusing  on  reception. 

In  ultrasonic  systems (ref . 5) , the  aperture  to  wavelength  ratio  is  typically 
some  hundreds,  allowing  good  beaming  and  the  distance  to  aperture  ratio  is  in 
the  range  2 to  20  permitting  a sharp  focus  to  be  obtained  if  required.  In 
a typical  ultrasonic  system  for  examination  of  the  abdomen  and  pregnant 
uterus  using  water  coupling,  the  frequency  used  is  2 MHz  (wavelength  of 
0.75  mm)  the  transducer  aperture  A is  70  mm  and  the  range  of  depths  to  be 
examined  is  200  to  400  mm.  The  length  of  the  near  field  is  given  by  A2/4X 
and  is  1.3  m in  the  sample  system.  Thus  the  operating  range  is  well  within 
the  near  field.  The  transducer  is  focused  with  a focal  length  F of  280  mm, 
giving  an  f number  of  4.  The  20  dB  beam  width  or  resolution  at  the  focus  on 
a reflection  basis  is  given  by  1.74  Xf/A  or  S.2  mm. 

1.3  Echo  signal  properties 

Radar,  sonar  and  exploration  seismic  systems  are  generally  all  peak-power 
and  signal/random  noise  limited.  To  achieve  greater  range  it  is  possible  to 
extend  the  length  of  the  transmitted  pulse,  thus  increasing  the  signal  power. 
However  this  reduces  the  range  resolution  which  may  be  regained  by  a variety 
of  deconvolution  filter  techniques.  Random  incoherent  noise  can  be  reduced 
by  matched  filtering  and  pulse-to-pulse  averaging.  The  ultrasonic  system 
is  not  peak  power  or  random  noise  limited  and  this  complexity  of  signal 
processing  has  not  been  required  up  to  this  stage. 

The  axial  or  depth  resolution  obtained  with  a short  pulse  is  in  practice 
several  times  better  than  the  azimuthal  or  beam  width  resolution. 

Processing  currently  employed  uses  time  varying  gain  to  compensate  for 
attenuation  of  echoes  from  deeper  structures  within  the  tissue  and  non- 
linear amplitude  compression  to  allow  the  display  of  both  the  high  amplitude 
specular  reflected  echoes  and  the  much  lower  amplitude  returns  from  the 
distributed  scattercrs  within  the  tissue  on  the  limited  dynamic  range  of  the 
d i sp lay (ref . 6) . Time  differentiation  is  sometimes  employed  to  accentuate 
small  differences  in  echo  amplitude.  It  is  found  that  the  optimum  signal 
processing  characteristics  vary  markedly  as  different  areas  and  organs  are 
examined . 

1.4  Properties  of  medium 

.Sonar  and  radar  operate  in  a medium  which  is  relatively  homogeneous  and 
seek  to  detect  and  locate  a number  of  discrete  targets.  For  range 
calculation  purposes  the  velocity  of  propagation  can  be  regarded  as  a 
constant.  The  targets  can  be  regarded  as  omnidirectional  reflectors,  that 
is,  each  target  will  reflect  energy  in  many  directions  and  the  relative 
angle  between  the  target  and  the  beam  is  not  a critical  factor. 

In  sonar,  the  medium  causes  problems  due  to  vertical  velocity  variations, 
causing  ducting  in  the  medium  and  creating  dead  zones  into  which  the  sound 
does  not  propagate.  In  radar  there  are  problems  due  to  attenuation  in 
the  medium  from  rain  and  cloud,  and  both  sonar  and  radar  suffer  from  clutter 
problems  due  to  reflections  from  the  boundaries  of  the  medium. 

Exploration  seismology  operates  in  an  inhomogeneous  layered  medium  and 
seeks  to  delineate  a continuum  of  targets  representing  the  boundaries 
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between  layers  in  the  medium.  The  targets  are  large  in  extent  and  reflection 
is  specular.  Problems  due  to  the  medium  include  overlapping  of  echoes  from 
successive  layers  and  the  presence  of  non-layered  structures  such  as  faults, 
salt  domes  and  so  on.  Reverberation  or  multiple  reflection  within  layers 
gives  rise  to  echo  returns  at  increased  apparent  depth  where  no  actual 
interface  exists.  This  effect  is  particularly  serious  in  marine  exploration 
where  reverberation  in  the  water  layer  provides  much  larger  signals  than  the 
reflection  from  geological  structures  below.  The  velocity  of  propagation 
varies  widely  from  1.5  km/s  in  water  to  5 km/s  in  hard  rock  at  depth. 

In  ultrasonic  pulse-echo  visualisation,  the  medium  consists  of  inhomogeneous 
non-layered  structures  and  useful  information  is  contained  in  large  specular 
reflections  from  the  surfaces  of  organs  and  structures  and  small  scattered 
reflections  from  small  inhomogeneities  within  the  structures.  Coherent  noise 
such  as  reverberation  or  multiple  reflection  within  the  tissue  does  exist 
and  is  more  of  a problem  than  random  noise.  The  velocity  of  propagation  is 
relatively  constant,  lying  in  the  range  1.4  - 1.65  km/s,  and  variations  in 
velocity  carry  useful  information. 

Local  variations  in  attenuation  occur  and  may  be  observed  by  their  effects 
on  the  echoes  from  underlying  tissue.  These  effects  are  most  clearly  seen 
in  simple  scans,  that  is,  when  there  is  no  overlap  between  separate  lines  of 
sight.  Local  areas  of  reduced  attenuation,  found  in  cysts,  cause  an 
enhancement  of  underlying  tissue.  Local  areas  of  increased  attenuation  in 
bone,  some  carcinomas  and  foreign  bodies,  cast  an  ultrasonic  shadow  (figure  2). 

2.  LIMITATIONS  OF  PULSE  ECHO  ULTRASOUND 


1 Beam  resolution 

The  design  of  a transducer  for  pulse  echo  visualisation  is  a compromise 
between  azimuthal  resolution  and  depth  of  field.  A plane  transducer  has  a 
beam  which  is  cylindrical  in  the  near  field  and  of  the  same  size  as  the 
transducer  aperture  and  extends  into  a cone  in  the  far  field.  Far  field 
beam  width  can  be  reduced  by  increasing  the  aperture  but  this  increases  the 
beam  width  in  the  near  field.  An  improvement  in  performance  can  be  obtained 
by  focusing  and  the  larger  the  aperture  the  better  the  resolution  at  the 
focus  but  the  less  the  depth  of  field  and  the  worse  the  resolution  outside 
the  focal  area  (figure  5).  The  beam  width  employed  in  the  examination  of 
the  abdomen  and  pregnant  uterus  is  in  the  order  of  10  to  20  mm  over  a range 
of  200  mm.  This  is  considerably  worse  than  the  axial  resolution  which  can 
easily  be  made  of  the  order  of  2 to  5 mm  and  can  be  reduced  below  2 mm  at 
the  price  of  transducer  sensitivity.  Thus  the  resolution  cell  on  the 
echogram  is  an  ellipse  with  the  major  axis  the  lateral  or  azimuthal  resolution 
and  the  minor  axis  the  axial  resolution  (figure  4).  The  orientation  of  the 
resolution  cell  is  variable  throughout  the  echogram,  depending  on  the  direct- 
ions from  which  each  part  of  the  field  is  viewed.  This  precludes  deblurring 
or  resolution  improvement  by  two-dimensional  picture  processing  on  the 
completed  echogram,  as  the  blur  function  is  neither  shift  invariant  nor  even 
determinate  at  a particular  point. 

2 Imaging  rate 

The  imaging  rate  for  pulse  echo  visualisation  is  set  by  the  time  required 
to  receive  echoes  from  a single  line  of  sight  and  the  number  of  lines  of 
sight  needed  to  form  the  echogram.  In  the  pregnant  uterus,  the  required 
depth  of  250  mm  sets  a time  delay  of  330  as  and  approximately  2500  lines 
are  needed  to  make  a high  quality  compound  scan  echogram.  Therefore  the 
theoretical  time  required  to  obtain  the  data  is  of  the  order  of  1 s. 
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Normally,  additional  time  is  used  between  pulses  to  allow  echoes  to  die  away 
and  to  allow  for  the  water  path  transit  time  in  water  coupling  scanning. 

With  current  machines,  compound  scan  echograms  are  obtained  in  about  15  s. 
Reducing  the  number  of  lines  of  sight  tends  to  reduce  the  detail  and  clarity 
in  the  echogram  but  also  provides  a reduction  in  acquisition  time.  A 
number  of  instruments  have  appeared  on  the  market  which  use  approximately 
50  lines  of  sight  with  frames  repeated  up  to  50  times/s  to  provide  real  time 
viewing,  for  instance  for  the  beating  heart.  The  picture  quality  in  this 
technique  is  considerably  reduced  but  the  ability  to  view  dynamic  structures 
in  real  time  provides  another  dimension  in  ultrasonic  diagnosis. 

2 . 3 Art i facts 

The  main  artifacts  in  ultrasonic  pu'se  visualisation  are  due  to  multiple 
reflection  of  the  ultrasonic  pulse  within  the  propagation  mediumfref . 7) . 

If  the  pulse  is  reflected  back  and  forth  along  the  beam  axis  between  two 
reflecting  surfaces  before  returning.it  arrives  at  the  transducer  at  a time 
delay  which  does  not  correspond  to  the  distance  to  a physical  interface. 

The  largest  multiple  reflection  is  that  which  twice  traverses  the  distance 
between  a reflector  and  transducer  face  giving  rise  to  an  apparent  structure 
which  is  exactly  twice  as  far  from  the  transducer  as  the  real  interface. 

The  presence  of  this  artifact  makes  it  necessary  in  water  coupling  scanning 
to  have  the  transducer  as  far  from  the  skin  surface  as  tne  greatest  depth  of 
penetration  required  in  the  patient.  This  ensures  tha  the  twice  round 
echo  from  the  transducer  face  to  the  skin  surface  arrives  after  the  last 
echo  of  interest  from  within  the  tissue.  In  skin  contact  ‘'canning,  these 
artifacts  occur  within  the  examined  field  (figure  5(a),  (b))  . The  most 
obvious  occurence  is  when  there  is  a large  reflector  such  as  an  air 
containing  structure  or  a bone  close  to  the  surface  and  up  to  10  to  15  artifact 
echoes  may  be  seen.  This  type  of  artifact  also  occurs  due  to  multiple 

reflection  within  the  layers  of  the  anterior  abdominal  wall  giving  rise  to 
one  pattern  consisting  of  strong  signals  from  the  genuine  echoes  and  a weaker 
set  of  echoes  from  the  twice  round  multiple  reflection.  This  echo  is  most 
apparent  in  the  longitudinal  scan  of  the  pregnant  uterus  where  a structure 
may  be  seen  resembling  the  placenta  on  the  anterior  abdominal  wall  which 
continues  down  into  the  patient's  bladder.  This  type  of  artifact  is 
strongest  in  skin  contact  scanning  because  the  interfaces  at  the  skin  surface 
consist  of  a skin/transducer  material  interface  which  has  a large  reflection 
coefficient.  In  water  coupling  scanning  the  corresponding  interface  is 
between  the  skin  and  the  water  medium  which  has  a much  smaller  reflection 
coefficient  and  therefore  the  corresponding  artifact  is  of  a much  lower 
amplitude  and  is  rarely  seen  (figure  5(c)). 

In  non-axial  multiple  reflection  the  multiple  propagation  path  is  not 
on  the  beam  axis,  and  may  not  even  be  in  the  plane  of  the  echogram.  In 
this  case  recognition  of  the  echo  as  an  artifact  is  considerably  more  difficult 
and  rests  mainly  on  recognition  that  no  reflector  should  be  present  in  the 
particular  area  (figure  5(d)). 


3.  NEW  DEVELOPMENTS  AT  HIE  ULTRASONICS  INSTITUTE 
3.1  Annular  array 

As  mentioned  earlier  a compromise  is  needed  between  depth  of  field  and 
resolution  at  the  focus.  A sharper  focus  results  in  a reduction  in  the 
depth  of  field  and  thus  in  the  usable  range  of  the  transducer.  One  solution 
to  this  problem  is  to  construct  the  transducer  with  a number  of  coaxial 
elementsfref .8) . By  varying  the  time  delays  of  the  electronic  signals 
associated  with  these  elements  a focusing  effect  may  be  obtained  (figure  6). 
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Thus  in  transmission  a beam  focused  at  any  required  distance  may  be  obtained 
and  the  focal  length  altered  for  consecutive  transmitted  pulses.  With 
reception  the  time  delays  which  provide  the  focusing  effect  and  fix  the 
focal  depth  may  be  altered  while  echoes  are  being  received,  so  there  is 
effectively  sharp  focusing  on  reception  throughout  the  operating  range. 

This  approach  removes  the  requirement  for  a large  depth  of  focal  zone  and 
allows  a greater  aperture  and  sharper  focusing  to  be  used,  thus  producing  a 
better  resolution  at  each  distance.  An  annular  array  130  mm  in  diameter 
consisting  of  a central  disk  and  six  annular  rings  has  been  constructed  at 
the  Ultrasonics  Institute  to  operate  at  2 MHz  in  the  abdominal  water  coupling 
echoscope.  With  this  system  a beam  width  of  4 to  6 mm  has  been  achieved 
over  an  operating  range  of  180  mm  (figure  7) . 

3.2  U. I . Octoson 

The  U.I.  Octoson  is  a general  purpose  multi-transducer  water  coupling 
echoscope  designed  to  remove  the  limitation  of  scanning  time  due  to  the  need 
to  move  a single  transducer  over  the  patient  in  the  formation  of  a compound 
scan.  It  is  also  designed  to  be  suitable  for  examination  of  all  parts  of  the 
body  able  to  be  usefully  examined  by  ultrasound  with  the  possible  exception 
of  the  eye.  The  scanner  has  a scan  arm  containing  eight  transducers  arranged 
on  the  circumference  of  an  arc  and  pointing  towards  the  centre  (figure  8) . 

These  eight  transducers  are  mechanically  coupled  so  that  they  all  simultaneou- 
sly perform  a sector  scan.  Electronic  switching  is  provided  so  that  each 
transducer  is  activated  in  turn  to  provide  an  individual  line  of  sight  from 
eight  scan  positions.  The  cycle  is  repeated  as  the  transducers  are  scanned 
so  that  a complete  compound  scan  containing  2400  lines  of  sight  is  obtained 
in  about  three  seconds.  The  scan  arm  is  supported  by  a structure  with  five 
degrees  of  freedom  to  allow  translation  in  three  dimensions  and  rotation  and 
tilting  motions.  This  allows  the  scan  arm  to  be  moved  to  any  position  as 
required  to  provide  a cross  section  of  the  body.  The  whole  scan  mechanism 
is  immersed  in  a water  tank  and  the  patient  lies  on  a couch  above  the  tank 
and  is  coupled  either  by  immersing  part  of  the  body  in  the  water  or  by 
applying  the  body  to  a plastic  membrane  fitted  to  the  aperture  in  the  top 
of  the  tank  (figure  9).  This  system  has  been  found  satisfactory  for 
examination  of  the  pregnant  uterus,  abdominal  organs,  breast,  thyroid  and 
infant  brain. 

A licensing  agreement  has  been  negotiated  between  the  Australian 
Department  of  Health  and  an  Australian  company.  Nucleus  Holdings  Pty.  Ltd. 
for  the  manufacture  and  distribution  of  this  instrument  throughout  the 
world . 

3.3  Digital  signal  processing 

Present  research  on  digital  processing  of  ultrasonic  signals  is  in  its 
early  stages(ref .9) . The  computer  installation  consists  of  an  Interdata 

model  80  processor,  a fast  16  bit  mini  computer,  64  KBytes  of  MOS  semi- 
conductor main  memory  with  6 MBytes  per  second  memory  access  rate,  two 
cartridge  disk  drives  with  a capacity  of  2.5  MBytes  per  cartridge  and  8- 
channel  20  kHz  analogue-to-digital  and  digi tal -to-analogue  equipment. 

There  is  a custom  micro-processor  interface  which  controls  a 10  MByte  8-bit 
A/D  converter  with  an  8 channel  multiplexer  and  interfaces  with  the  6 MByte 
per  second  memory  access  port.  It  is  programmable  and  can  be  used  for 
direct  input  of  ultrasonic  data  or  for  picture  input  from  a TV  signal.  It 
can  also  be  used  for  XYZ  picture  output  at  a rate  of  3 points  per  us  or  for 
TV  output.  Primarily,  investigations  in  signal  processing  have  centred 
around  the  techniques  of  deconvolution  using  a least  squares  spiking  filter 
developed  for  the  processing  of  seismic  data(ref . 10) . It  has  been  shown 

that  considerable  resolution  improvement  can  be  achieved  both  in  the  axial 
response  and,  more  importantly,  in  the  azimuthal  or  beam  width  resolution. 
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4.  FUTURE  DEVELOPMENTS 


4.1  Realtime  systems 

As  outlined  above,  the  imaging  rate  from  an  ultrasonic  system  can  be 
increased  at  the  cost  of  number  of  lines  of  sight  and  therefore  picture 
quality  and  clarity.  In  the  analysis  of  dynamic  structures  within  the  body 
rapid  imaging  rate  is  essentia i.  There  is  a variety  of  approaches  being 

adopted  to  the  provision  of  realtime  ultrasonic  systems,  ranging  from  various 
rotating  and  sectoring  mechanical  scanners  to  transducer  array  systems. 

The  simplest  approach  is  just  to  provide  a transducer  which  rocks  backwards 
and  forwards  in  a sectoring  motion.  However,  this  is  limited  by  the  inertia 
of  the  oscillating  system.  There  are  two  array  approaches  used:  the  first 
consists  of  a set  of  20  or  so  small  transducer  elements  arranged  in  a line; 
each  element  is  used  as  a separate  individual  transducer  thus  giving  a 
picture  containing  the  same  number  of  lines  of  sight  as  there  are  elements. 

In  this  simple  approach  no  beam  steering  or  dynamic  focusing  is  employed. 

In  ar.  extension  of  this  approach  a transducer  with  many  elements  may  be  used 
and  a group  of  these  elements  is  used  as  the  transducer  to  generate  a single 
line  of  sight.  In  this  way  advantage  is  taken  of  the  large  aperture  to 
provide  greater  resolution.  Fixed  focusing  on  transmission  and  dynamic 
focusing  on  reception  can  be  implemented  with  this  system.  Another  approach 
is  to  use  an  array  of  about  16  to  20  elements  to  generate  a beam  which  scans 
in  a sector.  Again,  focusing  in  the  plane  of  scan  can  be  achieved.  With 

these  electronically  scanned  systems  frame  rates  to  match  TV  equipment  are 
obtainable. 

4.2  Computer  processing 

Techniques  for  resolution  improvement  along  and  across  the  ultrasonic  beam 
have  been  mentioned  earlier.  Other  future  developments  in  the  application 
of  computer  processing  to  the  ultrasonic  data  are  in  the  area  of  artifact 
removal,  tissue  characterisation  and  display.  The  techniques  of  derever- 
beration in  seismic  data  will  be  investigated  in  an  attempt  to  achieve  axial 
multiple  reflection  artifact  removal.  It  is  likely  that  this  will  be  a 
relatively  straight  forward  procedure  when  there  is  a large  number  of 
reverberating  artifacts  as  is  the  case  with  reflection  from  bone  or  air. 

The  problem  when  there  is  only  a single  additional  reflection  such  as  in 
anterior  wall  artifacts  is  more  difficult.  Another  approach  to  artifact 
removal  involves  the  comparison  of  data  taken  from  different  directions, 
in  a technique  which  is  equivalent  to  stacking  of  seismic  data. 

In  tissue  characterisation,  a number  of  parameters  can  be  studied.  On  a 
one  dimensional  basis,  the  frequency  response  of  returned  echoes  should 
contain  information  about  the  transmission  properties  of  the  medium  and  the 
reflecting  properties  of  the  reflector.  If  reflection  is  from  a group  of 
scatterers,  texture  information  should  be  obtainable  from  the  time 
distribution  of  echoes  and  attenuation  information  from  the  rate  of  decay 
of  the  amplitude  of  echoes  from  an  area  which  may  be  regarded  as  composed 
of  uniform  scatters.  a two  dimensional  basis,  techniques  will  be 

investigated  using  an  roach  similar  to  the  velocity  analysis  and  migration 
stack  techniques  of  ex,  oration  seismology. 

With  the  increase  in  acquisition  rate  for  ultrasonic  echo  data  and  the 
attendant  faster  turn  around  of  patients  in  clinical  examinations,  it  is 
important  to  stream- line  interpretation  of  the  data  and  the  issuance  of 
clinical  reports.  At  this  stage  ultrasonic  data  is  presented  on  photographic 
prints  as  a set  of  20  serial  transverse  cross  sections  and  5 serial 
longitudinal  cross  sections.  The  interpreting  physician  examines  this  set 
of  data,  mentally  constructs  a three  dimensional  picture  of  the  scanned 
anatomy  and  carries  out  diagnostic  interpretation  on  the  character  of  echo 
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returns  from  areas  of  particular  interest  for  the  diagnosis.  It  is  relatively 
straight  forward  in  concept  to  consolidate  the  data  into  a three  dimensional 
image  of  which  any  required  cross  section  can  be  displayed(ref . 11) . It  is 
less  straight  forward  in  concept  but  obviously  will  be  useful  to  allow  the 
specification  of  regions  of  interest  and  to  have  automatic  analysis  of 
signal  character  in  some  quantitative  terms  such  as  time  frequency  response 
or  spatial  frequency  response. 
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TABLE  1.  COMPARISON  OF  BEAM  CHARACTERISTICS  OF  VARIOUS  PULSE-ECHO 

AND  IMAGING  SYSTEMS 


Aircraft  Surveillance 
Radar 


Airport  Surface 
Detection  Equipment 


Weather  Radar 

Anti  submarine 
Sonar 


Water-Coup] ing 
Ultrasound 


Skin  contact 
Ultrasound 

Terrestrial  Optical 
Tel escope 

Portrait  Camera 


2,500 


Aperture/ Wave length 

Range/nearfield 

length 

. 

20 

5,000 

400 

5 

6 

200,000 

3 

10,000 

70 

0.5 

100 

0.3 

30 

1.5 

100,000 

1.5 

50,000 

0.001 

pregnant  uterus  and  fetal  trunk  in  late  pregnancy;  (h)  normal  pre-menopausal  breast; 
nsverse  section  of  the  trunk  showing  liver,  kidney  and  great  vessels;  (d)  transverse 
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Figure  2. 


Illustration  of  the  effect  of  local  variation  in  attenuation; 

(a)  an  increase  in  attenuation  or  reflection  gives  rise  to  shadowing 
or  observing  of  echoes  from  underlying  structures; 

(b)  a decrease  in  attenuation  produces  a region  of  enhanced  echoes 
from  deeper  echoes . 
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TRANSDUCER 

Figure  3.  Fffect  of  transducer  aperture  and  focus  on  the  beam  pattern. 

A large  aperture  produces  sharp  focus  with  better  resolution 
within  the  focal  region  but  worse  resolution  elsewhere 


Figure  4.  Illustration  of  the  resolution  cell  in  the  cross-sectional 
visualization  process.  The  axial  resolution  is  normally 
several  times  better  than  the  azimuthal.  The  orientation 
of  the  elliptical  cell  is  dependent  on  the  direction  of  the 
line  of  sight  and  varies  throughout  the  echogram. 
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Figure  5.  Multiple  reflection  artifacts  give  rise  to  a number  of  characteristic 
appearances;  (a)  "ring  down”  from  reflection  between  the  transducer  face  and  an 
air  containing  loop  of  bowel  in  a contact  scan  giving  rise  to  it  least  8 discrete 
artifactual  echoes;  (hi  multiple  reflection  between  the  transducer  face  and 
layers  within  the  abdominal  wall  giving  rise  to  apparent  "p 1 ac<'r fa  1 " echo 
structures  with  the  bladder;  fc)  a similar  situation  with  w ter  coupling  showing 
the  absence  of  multiple  reflection  artifacts  due  to  the  reduced  reflection  from 
the  skin/water  interface  compared  with  skin/transduccr;  (dl  a non-axial  multiple 
reflection  artifact.  The  beam  was  reflected  at  the  anterior  surface  of  the 
bladder  and  propagated  in  the  abdominal  wall  to  a strong  reflector,  probably  the 
skin/air  interface  or  the  pubic  bone,  and  thence  back  along  the  same  path  to  the 
t ransducer . 
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Figure  h.  Arrangement  of  annular  array  transducer.  On  transmission  the 

outer  rings  are  excited  first  and  the  central  disc  after  a delay 
period  to  form  the  wave-front.  On  reception  the  signals  from  the 
central  disc  must  be  delayed  until  the  contribution  from  the  outer 
rings  are  received  and  then  combined  to  form  the  electrical  signal 


Figure  7.  F-ffect  of  focusing  on  focal  zone.  Curve  A is  the  pattern  of  a fixed 
focus  7 cm  aperture  which  is  optimum  for  fixed  focus  at  2 MHz  over 
the  range  20  to  40  cm.  Curve  B is  the  beam  pattern  obtained 
experimentally  using  the  annular  array.  Curves  C arc  two  calculated 
d i ff ract ion- I imi ted  patterns  for  fixed  focus  using  an  aperture  equal 
to  that  of  the  annular  array. 
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EXAMINED  REGION 


■RANSDUCERS 


Figure  8.  Scheme  of  operation  of  the  U.I.  Octoson.  All  transducers  are 

mechanically  coupled  and  sector  scan  simultaneously.  Electronic 
switching  is  used  to  cycle  rapidly  around  all  eight  transducers 
so  that  effectively  eight  lines  of  sight  are  obtained  for  each 
increment  in  the  sector  scan.  In  this  way  a complete  picture  can 
be  obtained  in  two  to  three  seconds. 
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Figure  9. 


The  U.I.  Octoson  showing  the  general  layout  and  method  of  coupling 
the  ultrasound  between  the  transducers  and  the  patient. 
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1.  INTRODUCTION 

I suppose  astronomy  is  the  oldest  of  the  sciences.  Astronomical  observations 

have  in  fact  been  made  for  thousands  of  years  using  the  unaided  eye  and  for 

several  centuries  using  optical  telescopes.  On  the  other  hand,  radio  astronomy 
is  only  30  or  40  years  old  but,  in  spite  of  its  very  brief  history,  it  has 
probably  already  overtaken  optical  astronomy  in  the  art  of  signal  processing. 

The  reason  is  perhaps  that  the  optical  people  have  had  too  easy  a task;  they  had 
two  ready  instruments  - the  human  eye  and  the  lens  - which  produce  a focused  image 
with  an  aperture  of  thousands  of  wavelengths,  and  until  quite  recently  complacency 
and  conservatism  marked  their  attitudes  to  instrumentation. 

Radio  astronomers  have  had  much  tougher  problems  to  solve.  As  an  example,  to 
obtain  a 30  second-of-arc  angular  resolution,  one  needs  a 6000  wavelength 
aperture.  You  can  achieve  this  optically  with  a 3 mm  aperture.  In  radio 
astronomy,  at  21  cm  (the  most  important  wavelength),  vcu  need  1.2  km  to  do  the  job. 
So,  when  you  are  faced  with  the  need  for  this  kind  of  resolution,  you  find  your- 
self outside  the  realm  where  a single  aperture  can  be  used. 

Radio  astronomers  have  had  to  live  on  their  wits  and  in  the  process  have 
acquired  perhaps  a deeper  understanding  of  the  underlying  principles  involved. 

At  one  time  - not  many  years  ago  - 1 was  considered  a very  creditable  resolution 
at  radio  frequencies.  Nowadays  the  angular  resolution  is  approaching  - and  in 
some  cases  surpassing  - that  obtained  with  optical  telescopes.  Figure  1 gives 
an  example  of  a modern  radio  picture  of  an  external  galaxy  (M101) . This  was 
taken  with  the  aperture  synthesis  telescope  at  Westerbork  (the  Netherlands), 
which  is  the  leading  instrument  of  this  type  in  the  world  today.  The  angular 
diameter  of  the  nebula  is  30  min  of  arc.  The  wavelength,  21  cm,  is  that  of  the 
ground-state  hydrogen  line,  so  the  picture  gives  the  distribution  of  hydrogen 
within  the  galaxy.  One  makes  use  of  the  Doppler  effect  to  show  the  relative 
velocities  of  the  different  parts  of  the  galaxy.  The  red  is,  relatively  speaking, 

receding,  and  the  blue  approaching,  so  you  can  see  that  the  whole  picture  is 
consistent  with  a whirling  spiral-arm  galaxy  which  is  rotating  about  its  centre 
in  a plane  tilted  with  respect  to  the  observer. 

The  angular  resolution  in  figure  1 is  30  second-of-arc.  One  can  do  better 
than  that  with  this  instrument  by  going  to  shorter  wavelengths.  Within  five 
years,  radio  astronomy  will  be  attaining  a fraction  of  a second-of-arc  resolution 
- better  than  the  best  optical  telescopes,  which  are  limited  by  the  atmosphere. 
Figure  1 is  in  fact  a triumph  not  so  much  of  optics,  but  of  signal  processing. 


2.  IMAGE  FORMATION  AND  APERTURE  SYNTHESIS 

In  talking  of  signal  processing  I shall  be  dealing  mainly  with  this  central 
problem  - of  how  to  use  signal  processing  as  an  aid  to  achieving  images  at  high 
angular  resolution.  Our  aim,  then,  is  to  register  the  brightness  distribution 
of  celestial  objects  in  the  sky  as  a function  of  direction  with  the  maximum 
possible  angular  resolution  determined  by  the  aperture  of  the  instrument  in 
wavelengths.  As  a starting  point,  consider  figure  2(a)  which  illustrates  how 
this  is  done  in  optics.  We  use  a lens  to  bring  the  radiation  to  a focus.  If 
we  want  to  do  the  same  in  radio,  one  very  direct  method  (figure  2(b))  is  to  use 
an  array  of  elements  and  join  them  to  different  points  in  the  image  plane  through 
lengths  of  cables  which  obey  precisely  the  same  rules  as  the  optical  model. 

In  this  way  we  can  use  an  array  of  elements  to  produce  a simultaneous  image  using 
what  is  called  a branching  network. 

Figure  3 shows  virtually  a reproduction  of  the  array  of  figure  2(a),  in  which 
the  excess  path  lengths  required  to  focus  rays  from  the  0 direction  are  seen  to  be 
given  by  x sin  0.  We  can  write  down  the  expression  for  the  power  received,  Pq, 

which,  when  expressed  as  a double  sum,  can  be  seen  to  depend  on  the  cross 

products  /v  v h of  the  voltages  Vi , vj  . . . v ...v  ...  induced  in  the  elements  of 
N n iiK  n m 
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the  array.  The  distribution  of  power,  , in  the  image  is  just  the  Fourier 

transform  of  these  cross  products  ^v^v  An  important  point  is  that  the 

^VnVm^'S  are  t*me  avera8es  and  do  not  have  to  be  measured  at  the  same  time; 

they  do  not  even  have  to  be  measured  at  the  same  position  on  the  Earth  as  long  as 
the  spacing  and  orientation  are  correct.  Since  we  are  dealing  with  the  cross 
products  between  pairs  of  spaced  elements,  we  can  simulate,  for  instance,  a 
7-element  array  with  only  4 elements  (see  figure  4);  we  obtain  our  image  by 
using  six  correlators  and  taking  the  Fourier  transform  of  their  outputs. 

We  can  extend  this  principle  to  two  dimensions,  in  which  case  we  need  to 
measure  every  correlation  at  every  spacing  and  orientation  over  a plane,  which 
we  call  the  aperture  plane.  Once  again  we  can  economize  very  greatly  in  the 
number  of  elements  we  use;  we  do  not  have  to  move  aerials  all  over  the  ground  to 
acquire  the  2-dimensional  pattern.  The  most  practical  way  is  to  use  an  east- 
west  array  of  movable  elements  in  which  we  take  a number  of  correlations 
simultaneously  and  use  the  rotation  of  the  Earth  to  vary  their  orientation. 

That  is  the  technique  of  aperture  synthesis. 

The  history  of  aperture  synthesis  is  interesting  because  it  was  first  proposed 
by  Dr.  J.L.  Pawsey  in  1946  in  Australia  and  the  first  person  to  use  earth  rotation 
was  also  an  Australian  - Dr.  W.N.  Christiansen.  However,  the  real  development 

in  aperture  synthesis  was  done  by  Sir  Martin  Ryle  at  Cambridge  who,  with  splendid 
persistence,  greatly  aided  at  a vital  stage  by  the  introduction  of  electronic 
computers,  perfected  the  technique.  He  won  himself  a well-earned  Nobel  prize 
for  the  job  which  he  did.  What  aperture  synthesis  has  done  is  to  change  radio 
astronomy  from  minute-of-arc  resolution  to  second-of-arc  resolution  °nd  is 
equivalent  to  the  change  in  optical  astronomy  from  the  unaided  eye  to  a large 
telescope . 

Figure  5 shows  a picture  of  the  Westerbork  synthesis  telescope.  It  consists 
of  10  elements  about  25  m in  diameter,  two  of  which  are  movable  on  rails.  If 
my  memory  is  right,  they  take  16  correlations  at  any  one  time  and  build  up  a 
complete  picture  in  some  four  days.  This  instrument  was  responsible  for 
producing  the  picture  in  figure  1 and  many  other  fine  astronomical  pictures. 

3.  THE  CULG00RA  RADIOHELIOGRAPH 

I now  want  to  consider  another  aspect  of  high-resolution  radio  astronomy: 
the  recording  of  astronomical  phenomena,  such  as  the  disturbances  on  the  Sun, 
which  vary  rapidly  with  time.  In  this  case,  the  aperture  synthesis  technique 
employing  earth  rotation  is  no  longer  possible  because  it  is  much  too  slow. 

Instead  one  must  use  an  array  which  records  all  the  different  components 
simultaneously  and  then  somehow  perform  a Fourier  transform,  preferably  in  real 
time;  in  the  typical  case  of  the  Sun  one  would  like  pictures  at  intervals  of 
about  one  per  second. 

Now  there  are  several  known  ways  of  performing  the  Fourier  transform.  One 
that  we  have  already  seen  is  to  use  a branching  network  which  is  a fairly 
involved  piece  of  hardware  when  the  number  of  image  points  is  large;  another  is 
to  use  simple  scanning  techniques  but  these  are  very  wasteful  in  sensitivity. 
Another  is  to  use  a correlator  and  the  Fourier  transform  method  as  in  aperture 
synthesis  but  that  makes  very  heavy  demands  on  the  capacity  of  the  computer 
because  the  process  has  to  be  done  so  quickly.  Or  one  can  use  analogue  methods 
such  as  described  in  the  paper  by  Dr.  Cole  at  this  Symposium. 

I would  like  to  describe  one  instrument  that  solves  this  problem  in  a unique 
way:  the  instrument  is  the  CSIRO  Culgoora  Radioheliograph,  which  has  now  been 
operating  for  some  seven  years  and  is  in  fact  still  the  only  fast  image-forming 
radio  telescope  in  existence.  In  designing  this  instrument,  it  was  first 
necessary  to  choose  an  aperture  configuration;  we  chose  an  annular  array  because 
we  were  very  keen  on  having  circular  symmetry  so  as  to  avoid  major  sidelobe 
distortion  in  certain  directions.  Figure  6 shows  an  artist's  impression  of  the 
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instrument.  It  consists  of  96  dishes,  each  13  m in  diameter,  arranged  in  a 
circle  of  diameter  3 km.  All  the  dishes  act  coherently,  giving,  from  the  point 
of  view  of  resolution,  an  aperture  3 km  across.  Initially  the  instrument 
operated  at  80  MHz;  it  is  now  operating  on  three  frequencies:  40,  80  and 
160  MHz  and  will  soon  go  to  320  MHz. 

Figure  7(a)  shows  the  polar  diagram  of  the  array  with  all  the  elements 
connected  in  phase  with  one  another.  Within  the  outer  ring  (the  first-order 
grating  response)  the  power  polar  diagram  is  in  fact  the  function  of  J^.  The 

grating  response  results  because  of  the  finite  distance  between  the  elements. 

If  one  had  a continuous  ring,  these  responses  would  not  be  present.  There  is 
nothing  one  can  do  about  getting  rid  of  grating  responses  short  of  filling 
the  ring;  what  you  do  is  to  choose  your  parameters  so  that,  when  you  scan  the 
Sun,  you  make  sure  that  you  have  enough  angular  separation  (say  2°)  between  the 
centre  of  the  pattern  and  the  first-order  grating  response. 

The  main  problem  with  such  an  array  is  how  to  process  the  signals  so  that 
sidelobes  of  the  pattern  are  suppressed.  A somewhat  simplified  explanation 

can  be  given  in  terms  of  figure  7(b)  which  shows  the  result  of  connecting  all 
the  aerials  together  with  a progressive  phase  shift  all  the  way  round  so  that 
when  you  come  round  again  to  where  you  started  you  have  an  exact  number  of  cycles 
The  polar  diagram  has  a black  spot  in  the  middle  instead  of  a white  spot;  out 
from  the  centre,  the  sidelobes  rapidly  become  very  similar  to  the  ones  in 
figure  7(a).  What  we  do  is  to  record  each  picture  point  using  the  polar  diagram 
of  figure  7(a)  for  a few  milliseconds  and  then  switch  over  to  that  of  figure  7(b) 
for  a few  milliseconds  and  subtract  one  from  the  other,  to  obtain  the  polar 
diagram  shown  in  figure  7(c)  which  is  just  a single  dot.  Mathematically  one  can 
develop  the  theory  of  this  technique  so  as  to  obtain  any  shaped  polar  diagram 
function  you  wish  within  the  resolution  limit  of  the  aperture. 

The  radioheliograph  images  contain  48  x 60  picture  points.  The  48  N-S  sets 
of  points  are  obtained  simultaneously  using  a branching  network  of  the  type 
indicated  in  figure  2(b)  while  the  60  E-W  sets  of  points  are  obtained  by  scanning 

Figure  8 gives  examples  of  80  MHz  pictures  taken  with  the  radioheliograph  at 
the  time  of  a solar  outburst,  in  which  a giant  magnetic  arch  prominence  erupts 
outside  the  optical  limb  of  the  Sun  (shown  as  white  circle).  The  pictures  span 
about  one  hour  of  activity.  Each  picture  results  from  superimposing  two 
separate  pictures,  taken  in  opposite  senses  of  circular  polarization  and  passed 
through  different  colour  filters  (red  and  blue/green) . The  colours  therefore 
indicate  the  magnetic  field  polarity  of  the  origin  of  the  radiations. 


4.  CONCLUSION 

Signal  processing  is  also  used  in  various  other  applications  for  radio 
astronomy  - for  instance  Fourier  spectroscopy,  de-dispersion  of  pulsar  signals, 
and  a wide  range  of  sophisticated  techniques  (sometimes  so  sophisticated  that 
they  arouse  the  suspicion  of  the  simple  purist)  for  'cleaning'  pictures  to 
enhance  picture  quality,  and  even  for  attempting  to  improve  resolution  beyond 
the  Fourier  limit.  Each  of  these  topics  would  require  a lecture  on  its  own. 

In  this  paper  I have  concentrated  on  the  application  of  signal  processing  in 
the  quest  for  high  resolution  in  radio  astronomy.  I hope  it  conveys  the  message 
that  signal  processing  and  computer  technology  have  played  an  essential  role  in 
solving  the  problems  that  once  seemed  insurmountable. 
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Figure  1.  Radio  picture  showing  tiie  distribution  of  neutral  hydrogen  in 
the  spiral  galaxy  M101,  made  with  the  IVesterbork  Synthesis 
Telescope 
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Figure  2.  Showing  the  similarity  of  principle  between  a lens 
(a)  in  optics  and  a branching  network  (b)  in  radio 
astronomy 
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Figure  Z.  The  figure  shows  connections  of  a branching  network  associated 
with  one  direction  (0  only)  and  indicates  that  the  brightness 
distribution  is  given  by  the  Fourier  transform  of  the  cross 
products  <vnvm> 


Figure  4.  Illustrating  how  an  equi-spaced  7-element  array  can  be 
simulated  by  the  use  of  only  4 elements  with  the  aid  of 
6 correlators 
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ACOUSTIC  AND  OPTICAI,  PROCESSING  FOR  RADIO  ASTRONOMY  ARRAYS 
T.W.  Cole,  Division  of  Radiophysics,  CSIRO,  Sydney,  Australia 


SUMMARY 

The  paper  discusses  optical  and  acoustic  analogue  approaches  to  array 
processing  in  radio  astronomy.  In  particular  it  will  be  shown  how  a hybrid 
approach  can  lie  employed  to  utilize  the  best  properties  of  analogue  and 
digital  methods. 

A theme  which  is  developed  is  that  of  integration  of  the  analogue  device. 

By  taking  a systems  approach  to  a processor,  it  is  shown  how  device  simplifi- 
cation and  ruggedi zation  can  occur. 

The  applications  which  are  discussed  are  in  radio  astronomy.  They  include 
acousto-optic  radio  spectroscopy,  broad-band  cross-correlation,  multi-channel 
spectroscopy,  antenna  array  beam  formation  and  microwave  acoustics. 


31 


WRE-MISC-1 


1.  INTRODUCTION 

The  multidisciplinary  nature  of  this  symposium  emphasizes  the  fact  that  the 
same  concepts  of  arrays  and  of  imaging  can  be  applied  to  a large  number  of 
situations.  Identical  mathematics  can  be  used  to  describe  systems  employing  any 
type  of  wave  which  can  be  represented  by  a scalar  function  of  either  space  or 
time,  for  example  light,  radio,  bulk  acoustic  (shear  and  longitudinal),  and 
surface  acoustic  waves.  Advantage  can  be  taken  of  the  analogy  between  wave 
types  to  use  one  type  of  wave  in  processing  the  signals  associated  with  some 
other  type  of  wave,  thus  gaining  access  to  special  technologies. 

This  paper  explores  this  concept  of  transforming  one  type  of  wave  into  another 
and  processing  signals  in  an  analogue  system.  One  can  attempt  to  utilize  the 
best  features  of  each  of  the  wave  types. 

The  illustrations  to  this  approach  come  from  radio  astronomy  and  include 
imaging  arrays  and  radio  spectroscopy. 

2.  RADIO  FREQUENCY  SYSTEMS 

To  begin  with,  a brief  review  of  radio  imaging  arrays  and  radio  spectroscopy 
reveals  a number  of  areas  where  it  is  expensive  and  cumbersome,  if  not 
impossible,  to  process  in  radio  frequency  waveforms. 

Consider  first  the  characteristics  of  an  array  type  of  imaging  radio  telescope. 
Such  an  instrument  samples  the  radio  wave  field  across  some  aperture  (usually 
plane)  with  a number  of  smaller  antenna  elements:  the  sampling  is  usually  a 
thinned  or  dilute  sampling.  The  signals  from  all  sampling  points  are  combined 
and  processed  to  form  an  image  of  the  radio  brightness  distribution  across  a 
region  of  sky.  The  signals  themselves  are  broadband  noise  and  the  frequency 
spectral  range  accepted  by  the  system  is  defined  by  filters  in  the  receivers. 

Hence  the  system  is  a partially  coherent  one  and  care  must  therefore  be  taken  that 
signalsarc  combined  with  differential  path  length  differences  or  delays  less  than 
the  coherence  length  of  the  narrowband  signal 

Perhaps  the  major  limitation  in  the  radio  system  is  that  a radio  receiver  is 
only  one-dimensional  with  a single  input  and  a single  output.  Each  receiver 
channel  can  measure  information  about  only  one  point  in  the  image.  Simultaneous 
image  formation  requires  a bank  of  receiver  channels,  one  for  each  point  in  the 
image  plane.  The  radio  frequency  region  has  no  simple  analogue  to  the  human 
eye  or  the  photographic  plate. 

Even  assuming  that  one  has  available  a large  number  of  receivers,  it  is 
still  not  a simple  matter  to  form  an  image.  One  method  is  to  measure  the 
relative  coherence  across  the  receiving  aperture  by  cross-correlating  the  signals 
received  at  the  individual  antennas.  The  image  (smeared  by  some  instrumental 
response  function)  is  then  the  Fourier  transform  of  this  complex  coherence  function 
and  the  transformation  is  normally  performed  digitally. 

However,  for  real-time  imaging  the  normal  method  is  to  use  the  radio  network 
equivalent  of  a lens,  known  also  as  a branching  network.  This  consists,  in 
general,  of  sets  of  cables  joining  the  individual  antennas  to  summation  points 
with  cable  lengths  such  that  waves  from  given  directions  arrive  at  the 
corresponding  summation  points  in  phase.  In  addition  to  this  phase  requirement 
the  coherence  length  requirement  must  also  be  satisfied. 

A specific  example  is  the  Culgoora  radioheliograph(ref . 1) , which  has  96 
elemental  antennas  and  which  forms  an  image  consisting  of  points  on  a 
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48  x 6 0 matrix.  The  instrument  has  48  receiver  channels  and  a branching  network 
forms  the  48  image  points  in  one  column  of  the  final  image.  The  complete  image 
of  60  columns  is  obtained  by  scanning.  But  the  "network  lens"  to  give  even 
48  output  points  contains  96  x 48  = 4608  accurately  phased  cables.  A "network 
lens"  for  the  whole  48  x 60  point  image,  with  close  to  300,000  cables,  is  clearly 
impract ical . 

Almost  identical  observations  can  be  made  about  the  field  of  radio  spectroscopy 
where  the  "image"  consists  of  a number  of  points  along  the  frequency  axis.  A 
multichannel  filter  system  has  a bank  of  filters  tuned  to  adjacent  bands  of 
frequencies  as  the  dispersive  system  and  a bank  of  detectors  and  integrators  as 
the  output  channels.  Alternatively  one  measures  an  auto-correlation  function 
and  performs  a Fourier  transformation.  We  have  then  a dual  of  the  imaging  case 
above  - a function  of  time  rather  than  of  a spatial  dimension. 

In  this  simplistic  review  of  radio  astronomy  instrumentation  many  of  the 
practical  problems  have  been  ignored  but  nevertheless  four  areas  can  be  identified 
where  processing  by  an  analogue  wave  type  might  be  advantageous.  These  are: 

(i)  The  cumbersome  nature  of  the  "radio  network"  lens. 

(ii)  In  multiple  output  systems,  the  output  radio  receivers  and  detector  units 
are  complex  and  expensive. 

( i i i 1 In  cross-  and  auto-correlation  systems  the  final  Fourier  transformation  can 
be  both  expensive  and  slow. 

(iv)  With  large  antenna  systems  the  variable  delays  required  to  maintain  coherence 
can  be  up  to  tens  of  microseconds  and  these  are  not  only  bulky  and  expensive 
in  radio  waveform  but  can  also  be  unstable. 

In  the  following  sections  two  types  of  analogue  system  are  described.  The 
first  uses  coherent  optical  waves  and  the  second  bulk  acoustic  waves. 


3.  THE  COHERENT  OPTICAL  PROCESSOR 

Consider  the  coherent  optical  system  shown  in  figure  1.  The  beam  from  a 
source  of  coherent  light  (a  laser)  is  focused  through  a pinhole  and  expanded 
into  a collimated  beam  which  illuminates  the  input  plane.  Processing  is 
achieved  by  the  Fourier  transform  relationship  which  exists  between  the  complex 
light  amplitude  distributions  in  the  two  focal  planes  of  the  main  lensfref.2). 
The  Fourier  relationship  is  quite  accurate  under  the  restriction  of  small 
diffraction  angles.  If  the  amplitude  and/or  the  phase  of  the  collimated  light 
arc  modified  according  to  some  distribution  across  the  input  plane,  a light 
detection  system  in  the  output  plane  can  record  the  Fourier  transform  of  the 
input  distribution.  An  example  is  shown  in  figure  1.  With  spherical  lenses, 
the  transform  is  two-dimensional  while  for  cylindrical  lenses,  it  is  one- 
dimensional. One  also  notes  that  in  planes  other  than  the  output  focal  plane 
a Fresnel  transform  is  obtained  and  this  is  also  illustrated  in  figure  1. 

A Fourier  relationship  exists  between  the  field  distribution  in  the  plane 
of  an  antenna  and  the  far-field  radiation  pattern.  Hence  by  placing  an  optical 
analogue  of  the  antenna  distribution  in  the  input  plane  the  antenna  far-field 
pattern  can  be  displayed.  Extending  this  one  step  further,  if  the  signals 
actually  being  received  by  the  radio  antenna  array  could  modulate  the  light  in 
the  corresponding  part  of  the  input  plane,  the  optical  output  plane  would 
contain  an  optical  image  of  the  radio  source  distribution  being  observed 
(smoothed  by  the  antenna  response  pattern) (ref . 3) . 

A design  study  of  such  an  optical  processor  for  the  Culgoora  radioheliograph 
was  made(ref.4),  but  no  coherent  optical  processor  for  radio  arrays  has  yet  been 
put  into  use.  However,  the  coherent  optical  processor  has  been  used  in  radio 
spectroscopy  and  the  experience  obtained  offers  insight  into  the  concepts  of 
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analogue  processing. 

The  light  intensity  distribution  in  the  output  plane  of  a coherent  optical 
processor  provides  a spectrum  if  a segment  of  the  radio  signal  modulates  the 
light  amplitude  and/or  phase  across  the  input  plane.  The  problem  is  to  find  a 
simple  means  of  introducing  the  radio  signal  into  the  optical  system.  One 
solution  is  to  use  the  interaction  between  coherent  light  and  a travelling 
acoustic  wave  (ref. 5, 6, 7).  The  sound  wave  acts  as  a travelling  phase  grating 
(ref. 8)  and,  when  illuminated  by  a collimated  laser  beam,  produces  at  least  one 
diffraction  order,  the  angle  to  which  is  proportional  to  the  frequency  of  the 
acoustic  wave.  A broadband  transducer  is  used  to  convert  the  radio  signal  to 
the  travelling  acoustic  wave.  The  frequency  resolution  on  the  spectrum  is 
the  inverse  of  the  time  it  takes  for  the  acoustic  wave  to  cross  the  optical  beam. 

In  the  simplest  form  of  this  instrument  the  spectrum  is  simply  recorded  on  a 
photographic  film.  If  the  film  is  continuously  moved  one  obtains  a dynamic 
spectrum,  a two-dimensional  record  of  intensity  as  a function  of  frequency  and 
time.  Such  a system  is  extremely  simple  and,  since  all  points  on  the  spectrum 
are  formed  simultaneously,  should  be  very  sensitive  when  compared  with  a 
frequency  scanning  type  of  spectrum  analyser.  Its  attractiveness  is  the 
simplicity  of  an  optical  lens  compared  with  radio  frequency  filters  and  the 
cheapness  of  the  photographic  film  as  a multichannel  detector  and  storage  medium. 

But  this  simple  system  has  a number  of  limitations.  One  is  due  to  the 
optical  system  itself.  In  any  optical  system,  it  is  almost  impossible  to 
produce  lenses  to  accuracies  of  better  than  one-hundredth  of  a wavelength  or  so. 
Even  these  extremely  high-quality  figures  would  give  spurious  responses  or  side- 
lobes  at  the  several  per  cent  level  and  their  random  distribution  limits  the 
instrument's  dynamic  range. 

A far  greater  limitation  of  such  a simple  system  concerns  the  detector  itself. 
The  radio  signal  of  interest  is  often  very  weak,  superimposed  upon  a large, 
constant  noise  level  from  the  receiver  itself  or  background  sources.  In  such 
cases  photographic  film  is  fogged  by  this  background  and  the  weak  signal  is  lost. 

Given  these  restrictions  and  the  fact  that  antenna  and  receiver  gain 
characteristics  are  usually  a function  of  frequency,  the  simple  acousto-optical 
spectrograph  with  direct  photographic  recording  is  clearly  superior  to  current 
approaches  only  in  the  situation  where  the  signals  of  interest  are  stronger  than 
the  background  noise  and  where  uniform  gain  characteristics  are  not  required. 

Enormous  flexibility  is  introduced  when  the  photographic  film  is  replaced  by 
an  integrating  optical  sensor  that  converts  the  optical  image  into  an  electrical 
signal  which  can  be  digitized  and  fed  into  an  on-line  digital  computer(ref .9) . 

One  such  sensor  is  the  self-scanned  photodiode  array,  a linear  system  of  photo- 
diodes each  of  which  can  detect  intensity  levels  with  up  to  a 1000:1  range 
between  saturation  level  and  the  thermal  noise  which  the  diode  array  readout 
system  adds  to  the  signal. 

A major  increase  in  flexibility  comes  from  the  use  of  a digital  computer. 

The  diode  array's  dynamic  range  is  large  enough  for  the  noise  levels  superimposed 
on  the  constant  background  level  to  be  recorded  much  better  than  by  a photographic 
film.  The  computer  removes  antenna  and  receiver  bandpass  response  shapes, 
applies  an  intensity  calibration  and,  after  removal  of  the  constant  background, 
integrates  spectral  records  to  average  out  the  statistical  noise.  The  high 
accuracy  of  the  digital  system  can  compensate  for  the  fixed  imperfections  of  the 
analogue  components. 

These  concepts  are  illustrated  in  the  acousto-optical  instruments  constructed 
at  CSIRO  Division  of  Radiophysics. 
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4.  ACOUSTO-OPTICAI,  SPECTROGRAPHS 

Two,  almost  identical,  acousto-opt ical  spectrographs  are  near  completion  at 
CSIRO  Division  of  Radiophysics.  One  is  for  use  at  the  Culgoora  solar  observatory 
to  provide  sensitive  spectra  of  rapidly  varying  solar  burst  phenomena.  The  other 
is  to  be  the  spectral  line  backend  for  the  new  4-m-diameter  millimetre-wavelength 
radio  telescope  being  built  for  CSIRO.  Some  results  are  discussed  elsewhere 
(ref .6,7,9) . 

Both  use  Bragg  effect  acousto-optical  modulators  which  accept  a 100  MHz  wide 
radio  signal  and  provide  a 10. us  interaction  between  the  acoustic  beam  and  the 
transverse  optical  beam.  The  resulting  spectrum  has  a resolution  of  close  to 
100  kHz  and  is  recorded  by  500-point  self-scanned  photodiode  arrays  with  a scale 
of  one  diode  per  200  kHz  of  spectrum.  The  photodiode  array  output  is  a serial 
sampling  of  the  integrated  spectrum  at  a standard  rate  of  20  complete  spectral 
samplings  per  second.  This  is  digitized  and  fed  into  a computer. 

In  the  solar  instrument  the  on-line  computer  (ALPHA)  removes  backgrounds  and 
corrects  intensities  in  real  time  so  that  the  computer  provides,  via  digital-to- 
analogue  converters,  an  analogue  signal  representing  the  calibrated  spectrum. 

At  present  this  is  then  fed  to  an  oscilloscope  trace  and  photographed  but  it  is 
also  planned  to  record  it  on  digital  magnetic  tape  for  later  processing.  The 
resultant  spectrum  is  much  more  sensitive  than  the  one  from  the  scanning  receiver 
spectrograph  while  the  on-line  computer  allows  accurate  calibration  of  the  received 
intensities . 

A spectral  line  backend  for  the  millimetre-wavelength  is  required  to  be  very 
stable,  to  add  little  noise  to  the  system  and  to  be  able  to  detect  spectral 
details  which  are  extremely  weak  with  respect  to  the  background  noise.  To  do 
this,  the  computer  program  integrates  the  spectra  and  forms  a difference  between 
spectra  recorded  when  the  antenna  is  directed  on  to  the  source  and  off  the  source. 

Figure  2 is  a photograph  of  the  optical  arrangement  which  is  essentially 
identical  for  the  two  spectrographs. 

Several  improvements  are  planned  for  the  acousto-optical  spectrograph.  The 
performance  figures,  500  points  across  100  MHz,  are  already  such  that  it  is  diff- 
icult to  achieve  similar  results  with  conventional  approaches.  It  is  however 
quite  feasible  to  contemplate  acousto-optical  modulators  with  bandwidths  of 
300  MHz  or  more (ref. 10)  and  therefore  with  up  to  several  thousand  points. 

Similarly  one  can  move  in  the  other  direction  and  obtain  resolutions  of  30  kHz 
or  so  over  the  restricted  bandwidth  of  20  or  30  MHz.  Such  a modulator  is  under 
construction  and  will  use  a ceramic  (TLZ-R)  shear  mode  transducer  into  polished, 
dense  glass  (SF56) . The  advantage  here  of  using  the  acousto-optical  device  is 
then  its  small  size  and  low  cost  when  compared  with  other  approaches. 

A great  simplification  and  improvement  is  possible  when  one  considers  the  unit 
as  a complete  system.  This  is  illustrated  in  figure  3.  In  the  first  illustra- 
tion of  figure  3 the  system  is  displayed  as  described  above,  consisting  of  the 
modulator  and  two  lenses.  However,  it  is  possible  to  integrate  these  three  units 
into  one  lens(ref . 11) . That  is,  one  uses  the  front  surface  of  a lens  to  collimate 
the  light  within  the  lens.  The  acoustic  beam  is  in  the  lens  itself  and  the  rear 
surface  of  the  lens  focuses  the  spectrum  to  an  output  plane.  The  output  from 
the  new  system,  shown  in  figure  3(b),  differs  from  the  more  complicated  system 
only  in  an  extra  spherical  phase  term,  irrelevant  in  the  situations  here  where 
intensity  is  measured.  To  increase  the  illumination  efficiency  further, 
the  circular  laser  beam  can  be  converted  to  an  elliptical  one,  more  like  the 
acoustic  beam  shape,  by  using  an  off-axis  lens  system  shown  at  the  bottom  of 
figure  3.  By  taking  this  overall  view  of  the  system,  the  acousto-optical 
spectrograph  has  been  reduced  to  a laser,  beam  expander,  an  output  system  and  a 
lens  whose  edge  has  been  ground  to  accept  the  acoustic  transducer. 

The  acousto-optical  approach  to  signal  processing  has  several  advantages  over 
conventional  approaches.  It  can  be  used  for  pure  spectral  work  or  it  can  be 
used  in  the  cross-correlation  of  signals  from  antenna  elements  used  as  inter- 
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ferometers.  This  latter  application  offers  a large  simplification  of  the 
radio  interferometer  system.  Two  spectra  are  measured,  one  with  the  signals 
added  together  in  phase,  and  the  other  with  the  signals  combined  in  anti-phase. 

The  difference  between  these  two  spectra  represents  the  cross-spectrum,  the 
Fourier  transform  of  the  cross-correlation.  The  system  works  for  differential 
delays  less  than  the  interaction  time  of  the  acousto-optical  modulator.  Since 
this  time  can  be  tens  of  microseconds,  it  is  therefore  possible  to  use  this 
system  for  array  element  separations  of  several  kilometres.  The  use  of  the 
acousto-optical  spectrograph  combines  the  conventional  requirement  for  delay 
compensation  cables  and  a broadband  multiplier  resulting,  once  again,  in  a great 
simplification. 

But  for  imaging  array  processing,  the  coherent  optical  approach  has  dis- 
advantages. Being  optical,  all  components  must  be  fabricated  and  assembled  to 
stringent  specifications.  Also,  the  acousto-optical  modulator  becomes  highly 
wasteful  of  both  laser  and  racio  frequency  power.  It  can  take  up  to  several 
watts  of  r.f.  power  to  deflect  the  maximum  of  several  per  cent  of  laser  light 
which  one  can  use  in  the  diffraction  order  for  linear  operation.  In  most  systems 
well  over  99°s  of  the  laser  light  is  wasted. 

Further,  in  the  optical  array  processor  the  imaging  is  done  optically  where 
the  delay  times  are  negligible.  A set  of  delay  cables  is  still  required  to 
maintain  coherence  in  the  system.  The  acousto-optical  spectrograph  and  its 
applications  have  significant  advantages,  but  for  straightforward  array 
processing  it  is  better  to  consider  purely  acoustic  processing  described  in  the 
next  section. 


5.  AN  ACOUSTIC  IMAGING  SYSTEM 

An  almost  complete  analogue  of  the  radio  system  is  possible  in  purely  acoustic 
waves.  Such  an  analogue  was  suggested  by  McLean  and  Wild  in  1961 (ref. 3)  and  has 
been  used  by  the  Adelaide  University  group  in  a low-ftequency  array  used  for 
ionospheric  studies (ref . 12, 13) . Basically,  piezoelectric  transducers  are 
distributed  in  the  same  pattern  as  the  elemental  radio  antennas  of  the  array. 

Each  transducer  is  excited  by  the  radio  signal  derived  from  its  corresponding 
antenna  and  the  resulting  ultrasonic  waves  travel  through  the  medium  of  the 
device  (for  example  water)  to  interfere  in  a far-field  plane.  The  acoustic 
intensity  across  the  output  plane  is  identical  to  the  smoothed  radio  distribution 
and  another  array  of  transducers  there  can  detect  the  intensity  at  the  points  of 
the  image.  The  output  plane  of  the  device  is  defined  by  using  a large  distance 
between  input  and  output,  by  using  an  acoustic  lens,  or  by  arranging  the  trans- 
ducers on  spherical  surfaces. 

Such  an  acoustic  arrangement  is  a very  much  simplified  equivalent  of  the  radio 
branching  network  and,  unlike  the  acousto-optical  array  processor,  involves  little 
loss  of  energy.  Typically  the  losses  could  be  the  same  as  for  the  branching 
network  but  without  its  other  defects. 

But  it  is  suggested  here  that,  unlike  in  the  optical  processors  discussed  above, 
the  acoustic  system  can  be  scaled  in  delay  as  well  as  satisfying  the  phase 
requirements  of  the  imaging  system.  The  low  sonic  velocity  when  compared  with 
that  of  light  allows  a scaling  of  the  radio  system  such  that  even  for  broadband 
signals  the  coherence  requirements  are  satisfied  and  the  angles  involved  in  the 
acoustic  device  become  identical  to  those  of  the  radio  instrument.  The  processor 
combines  then  the  branching  network  and  the  delay  compensation  cables.  For 
example,  a 3 km  radio  array  involves  a radio  transmission  time  size  of  10  us. 

The  delay-scaled  acoustic  size  in  water  is  15  mm  since  this  is  the  distance 
travelled  by  an  acoustic  wave  in  10  us. 

Given  this  small  size,  the  question  arises  as  to  whether  one  can  arrange  an 
array  of  transducers  on  such  a small  scale.  Experimental  work  has  proceeded  at 
CSIRO  Division  of  Radiophysics  in  the  belief  that  it  can  and  the  progress  so  far 
is  described. 
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6.  AN  ACOUSTIC  PROCESSOR  FOR  THE  CULGOORA  RADIOHELIOGRAPH 

Feasibility  studies  have  been  undertaken  to  test  the  concept  of  an  acoustic 
processor  for  the  96-element  radio-heliograph.  In  particular,  48  transducer 
contacts  were  established  around  a ring  of  diameter  12  mm  on  the  surface  of  a 
single  slab  of  piezoelectric  ceramic  (TLZ-R) . The  ceramic  transducer  was 
resonant  in  the  thickness  mode  at  a frequency  of  7 MHz,  corresponding  to  the 
intermediate  frequency  of  the  heliograph.  The  individual  transducers  were 
defined  by  the  position  and  size  of  dots  of  metal  which  constituted  the  transducer 
contact.  The  actual  dots  were  circular  of  diameter  0.5  mm.  Figure  4 shows  the 
partially  connected  transducer  array  as  well  as  the  printed  circuit  board  used 
to  connect  to  coaxial  cables.  Also  shown  in  figure  4 is  the  output  array  (to 
be  mounted  at  the  output  plane)  consisting  again  of  48  individual  elements  but 
this  time  arranged  as  an  array  of  8 x 6 points  of  the  output  image. 

The  fabrication  techniques  were  the  standard  ones  of  microcircuitry.  A mask 
at  a scale  size  of  20  times  was  carefully  cut  on  a coord inatograph  and 
photographically  reduced.  The  ceramic  transducer  was  vacuum  coated  with  copper 
and  photoresist  was  spun  on.  Contact  printing  and  development  of  the  photoresist 
allowed  one  to  etch  away  the  unwanted  copper  and  leave  the  desired  electrode 
pattern.  In  these  first  experiments  contacts  were  made  with  conducting  epoxy 
and  25  pm  wire.  The  ceramic  was  then  heated  and  poled. 

In  the  second  version  a modified  procedure  is  to  be  used.  The  developed 
photoresist  is  to  be  used  as  a mask  in  a gold-plating  bath  so  that  the  resultant 
electrode  pattern  is  in  gold-plated  copper.  Again  with  a modified  mounting 
system,  it  is  then  possible  to  use  a standard  ultrasonic  wire  bonding  machine  to 
contact  the  individual  elements. 

For  the  material  and  electrode  sizes  used,  the  radiation  resistance  of  the 
transducers  when  transmitting  into  water  was  between  50  and  ICO  O and  matching 
to  50  fl  was  achieved  by  parallel  tuning  of  the  transducer  capacitance.  The 
bandwidths  varied  somewhat  owing  to  the  conducting  epoxy  but  were  approximately 
0.5  MHz.  This  can  be  increased  by  using  a mercury  medium,  by  backing  the 
transducers  with  epoxy  or  by  the  use  of  a quarter-wavelength  acoustic  impedance- 
matching section.  This  would  slightly  complicate  the  impedance-matching 
circuitry . 

The  individual  electrodes  correspond  in  size  to  3 or  4 acoustic  wavelengths 
at  7 MHz  with  a separation  between  electrodes  of  at  least  a wavelength.  The 
electrodes  behave  almost  independently  with  some  interaction  still  to  be 
accurately  measured. 

The  microcircuitry  techniques  can  produce  patterns  in  metal  with  positional 
accuracies  of  better  than  lpm(ref.l4).  At  7 MHz  in  water  this  corresponds 
to  better  than  2°  of  phase.  Such  phase  accuracies  are  adequate  for  radio 
signal  processing  and  are  better  than  that  achieved  in  most  branching  network 
systems . 

Simple  tests  so  far  have  justified  the  design  of  a complete  acoustic  lens 
system  for  the  radioheliograph.  The  resultant  system  should  occupy  a cubic  box 
less  than  50  cm  in  length  and  would  be  equivalent  to  the  five  racks  of  cables 
which  constitute  the  present  branching  network.  Its  loss  should  be  about  the 
same  ("^5  dB) . 

Since  one  has  a large  degree  of  freedom  in  the  design  of  the  electrode  pattern 
deposited  on  the  transducer,  acoustic  processors  can  be  built  for  most  planar 
arrays.  The  only  major  limitation  is  in  the  output  circuitry.  At  present  no 
acoustic  equivalent  to  the  integrating,  self-scanned  photodiode  array  exists. 
Consequently  each  output  transducer  electrode  must  be  individually  connected  to 
its  own  detector  and  integrating  circuit.  There  might  be  some  hope  that  in 
the  medical  ultrasonics  field  the  concept  of  applying  semiconductor  circuitry 
directly  on  to  the  back  of  the  transducer  slab  might  develop  to  the  point  where 
the  integrating,  selfscanned  acoustic  detector  array  is  possible. 
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With  such  an  ideal  acoustic  detector  the  acoustic  array  processor  would 
combine  into  one  low-loss  unit  not  only  the  functions  of  delay  compensation  and 
image  formation  but  also  the  processing  needed  for  proper  beam  formation, 
detection  and  integration,  and  image  sampling.  Just  as  in  the  acousto-optical 
spectrograph  one  would  then  add  the  flexibility  of  an  on-line  digital  computer. 

7.  CONCLUSIONS 

The  concept  of  analogue  processing  clearly  has  a role  to  play  in  imaging  with 
arrays  and  in  radio  spectroscopy.  The  acousto-optical  analogue  seems  preferable 
for  radio  spectroscopy  and  its  extensions  to  interferometry.  The  purely 
acoustic  analogue  offers  distinct  advantages  for  imaging  array  processing. 

The  technology  needed  to  complete  the  processing  in  the  acoustic  device  is  an 
integrated  acoustic  detector  with  associated  read-out  circuitry.  The  result 
would  be  a compact,  cheap  and  efficient  unit  which  when  combined  with  a computer 
could  provide  real-time  images  with  the  full  sensitivity  of  the  multi-channel 
approach . 


WRE-MISC-1 


38 


REFERENCES 


No. 

1 

Author 

Title 

Collected  papers,  "The  Culgoora  Radioheliograph", 
1967,  Proc.  Inst.  Radio  Electron.  Eng.  Aust . , 

2j  277 

2 

Cutrona,  L.J. 

"Optical  and  Electro-Optical  Information 
Processing". 

(Cambridge,  Mass.:MIT  Press),  Chap.  6,  p 83,  1965 

3 

McLean,  D.J.  and 
Wild,  J.P. 

Aust.  J.  Phys. , 14,  489,  1961 

4 

McLean,  D. J . , 
Lambert , L. B. , 

Arm,  M.  and 

Stark  H. 

Proc.  Inst.  Radio  Electron.  Eng.  Aust.,  9,  375, 
"1967 

5 

Cole,  T.W. 

Opt.  Technol. , 1,  31,  1968 

6 

Cole,  T.W. 

Proc.  IEEE,  61,  1321,  1973 

7 

Cole,  T.W. 

Astrophys.  Lett.,  15,  59,  1973 

8 

Quate,  C.F., 
Wilkinson,  C.D.W., 
and  Winslow,  D.K. 

Proc.  IEEE,  53,  1604,  1965 

9 

Cole,  T.W.  and 
Abies,  J.G. 

Astron.  Astrophys.,  34,  149,  1974 

10 

Alphonse,  G.A. 

Appl . Opt.,  14,  201,  1975 

1 1 

Cole,  T.W. 

Opt.  Common.,  13,  192,  1975 

12 

Briggs,  B.H.  and 
Holmes,  N. 

Nature,  Phys.  Sci. , 243,  111,  1973 

13 

14 

Hart,  P.N. 

This  symposium,  1975 

"Handbook  of  Thin  Film  Technology". 

Eds.  L.I.  Maissel  and  R.  Clang,  1970,  McGraw  Hill, 
New  York 


WRE-MISC- 1 - 40  - 

Figure  2 


used  to  fold  the  light  path 


WRE-MISC- 1 
Figure  3 


i 


Figure  3.  The  conventional  acousto-optical  system  is  shown  in  (a)  while  the 
combination  of  two  lenses  and  the  modulatoT  is  shown  in  (b) . 

The  use  of  a prism  effect  to  increase  the  efficiency  in 
illuminating  a rectangular  sound  beam  is  illustrated  in  (c) 
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Figure  4.  In  the  centre  of  each  printed  circuit  board  lead-connection-system  there  is  a circular  7 MHz 
piezoelectric  transducer.  The  48-elemcnt  circular  (left)  and  rectangular  (right)  electrode 
patterns  are  shown  partially  connected  to  the  circuit  hoard  with  25  urn  wire  and  conducting 
epoxy.  The  circuit  boards  are  10  cm  x 10  cm 
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SUMMARY 

If  each  signal  from  a multi-element  array  is  digitised  into  a single  bit 
response  the  subsequent  processing  of  these  responses  can  be  greatly  simplified. 
The  delays  required  to  steer  a resultant  beam  can  be  achieved  with  the  use  of 
programmable  shift  registers.  The  correlation  of  signals  is  reduced  to  simple 
logical  functions  and  the  input  of  these  signals  into  a computer  is  easier. 

By  recording  both  sine  and  cosine  components  the  phase  of  each  signal  need  not 
be  known  in  real  time  but  can  in  many  cases  be  determined  from  an  analysis  of  the 
data.  Finally  it  should  be  noted  that  the  usual  loss  in  signal-to-noise  ratio 
with  single  bit  digitisation  can  be  reduced  by  sampling  at  faster  than  the 
Nvquist  rate. 
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Since  a significant  part  of  the  cost  of  multi-element  arrays  is  in  the 
electronics  required  to  steer  the  array  and  to  combine  the  signals  from  each 
element,  any  method  that  can  simplify  the  electronics  is  worth  consideration. 

One  such  method  is  to  encode  the  signals  into  one  or  more  digital  bits  so  that 
shift  registers  can  replace  delay  lines,  and  logical  gates  can  replace  analogue 
multipliers.  In  many  situations  the  greater  simplicity  of  the  one-bit  (two- 
level)  digitisation  method  compared  to  a multi-bit  digitisation  method  outweighs 
the  loss  of  signal  to  noise  ratio. 

It  is  not  often  realised  that  the  degradation  in  signal  to  noise  ratio  of 
single-bit  digitisation  compared  to  the  analogue  signal  to  noise  ratio  can  be 
partly  alleviated  by  sampling  the  signal  at  higher  than  the  Nyquist  rate.  It  is 
shown  in  the  Appendix  that  the  degradation  factor  of  signal  to  noise  ratio  for  the 
product  of  two  one-bit  signals  has  an  asymptotic  value  of  1.26  as  the  rate 
increases,  with  most  of  the  improvement  reached  by  three  times  the  Nyquist  rate. 
The  degradation  factor  is  much  less  if  one  of  the  signals  can  be  kept  in  analogue 
form.  For  this  hybrid  case  the  degradation  factor  is  only  1.15  at  twice  the 
Nyquist  rate.  Cooper's  (1970)  analysis  of  a two-bit  correlator  sampled  at  the 
Nyquist  rate  shows  that  it  has  a degradation  factor  of  1.14  provided  the 
transition  voltage  is  correctly  chosen.  Although  the  degradation  is  not  very 
sensitive  to  the  transition  voltage  it  does  make  an  added  complication  for 
multi-bit  digitisation  if  the  array  has  a variable  noise  level. 

The  major  advantage  of  the  one-bit  system  over  an  equivalent  analogue  system 
is  the  simplicity  and  cheapness  of  a shift  register  compared  to  a switched 
delay  line.  By  using  programmable  shift  registers  (for  which  the  number  of 
shifts  are  externally  controlled)  the  delay  necessitated  by  the  finite  bandwidth 
is  easily  set  for  each  array  element.  The  setting  of  phases  which  accurately 
steer  the  array  can  be  postponed  for  later  computation  if  two  signals,  one  in 
quadrature,  are  used  and  individual  cross-products  are  separately  recorded. 

This  has  the  added  advantage  that  the  phases  need  not  be  known  at  the  time  of 
observation  but  could  be  obtained  from  the  observation  of  a calibration  source. 
However,  real  time  displays  using  derived  beams  would  require  an  on-line 
computer. 

Since  the  output  of  a one-bit  scheme  only  gives  a measure  of  the  signal  to 
noise  ratio, the  root  mean  square  noise  level  must  be  measured  separately. 

Although  this  would  be  done  with  square- law  detectors  a better  method  which 
checks  the  operation  of  the  digitisers  is  to  add  a low  level  voltage  to  each 
signal,  and  measure  its  correlation.  If  its  polarity  between  two  elements 
is  inverted  regularly  at  a rate  much  faster  than  a change  in  signal  strength, 
it  can  be  separated  from  the  true  signal  by  switching  the  outputs  of  the  multi- 
pliers at  the  same  rate. 

Another  advantage  of  single-bit  digitisation  is  the  simplicity  of  the  signal 
multipliers  which  are  simple  logic  gates.  Let  m,  t , mi  0 , moi,  moo  be  the 
counts  of  the  four  possible  states  of  two  one-bit  signals;  then  the  signal  power 
is  proportional  to  mi i + moo  - i"i  o - moi  . Provided  the  signal  is  small,  this 
summation  removes  the  effects  of  any  biases  in  the  digitisers.  The  hybrid 
multiplier  is  equally  simple  in  that  the  one-bit  signal  is  used  to  select 
either  the  analogue  signal  or  its  inverse  as  input  to  an  integrator. 
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As  an  example  of  how  this  one-bit  digitisation  scheme  may  be  applied  to  an 
actual  array  I have  considered  its  implementation  on  the  North- South  arm  of  the 
Molonglo  Cross  (Mills  et  al, 1963) . For  this  purpose  the  N-S  arm  can  be  thought 
of  as  176  elements, each  providing  a signal  to  be  multiplied  by  that  from  the 
F.-W  arm.  The  centre  frequency  is  408  MHz  and  each  signal,  with  a bandwidth  of 
2.5  MHz,  is  brought  through  equal  length  coaxial  cables  to  the  central  hut  at  an 
intermediate  frequency  of  11.5  MHz.  A digitisation  rate  of  15  MHz  (three  times 
the  Nyquist  rate)  is  feasible  without  using  especially  high  speed  integrated 
circuits,  and  even  if  the  bandwidth  is  expanded  to  a limit  of  about  4 MHz, 
sampling  rates  much  higher  than  the  Nyquist  rate  are  still  feasible.  Clearly  a 
hybrid  system  is  ideal  with  two  analogue  signals,  one  in  quadrature  coming  from 
the  E-W  arm  to  be  multiplied  by  the  176  one-bit  signals  from  each  N-S  element. 

The  3S2  products  are  integrated  and  recorded  once  every  three  seconds.  Since  the 
noise  level  only  changes  slowly,  the  noise  calibration  outputs  need  not  be 
recorded  as  frequently  as  this.  If  an  on-line  computer  is  used  there  is 
considerable  advantage  in  sampling  the  output  more  frequently  than  every  three 
seconds  so  that  some  effects  of  interference  can  be  removed.  This  computer 
would  also  control  the  shift  registers  used  to  steer  the  telescope  in  declination. 
The  raw  data  derived  from  this  system  is  a spatial  Fourier  transform  (in 
declination)  of  the  sky  brightness  distribution  recorded  as  a function  of  right 
ascension.  The  fundamental  limitation  of  the  declination  covered  in  one  scan 
is  the  product  of  the  N-S  antenna  response  of  each  N-S  element  and  that  of  the 
E-W  arm.  However,  the  phase  gradient  within  each  N-S  element  is  fixed  at  one 
particular  declination  with  the  result  that  grating  side  lobes  are  formed. 

Both  these  factors  limit  the  scan  to  about  3 in  declination.  With  this  width 
sufficient  calibration  sources  will  be  seen  in  a single  night's  scan  to  calibrate 
the  phase  and  absolute  gain  of  each  N-S  element.  Compared  to  the  equivalent 
analogue  system,  the  hybrid  system  outline  is  simpler  and  has  a signal  to  noise 
degradation  factor  of  1.13,  that  is  a 11.5%  loss  in  signal  to  noise  ratio.  In 
this  case  the  added  complexity  of  a two  or  more  bit  system  is  hardly  justified. 

The  author  thanks  Professor  B.Y.  Mills  for  helpful  criticism  in  the 
preparation  of  i.iis  paper  and  acknowledges  the  support  of  the  Australian  Research 
C.rants  Committee,  the  Sydney  University  Research  Grants  Committee  and  the 
Science  Foundation  for  Physics  within  the  University  of  Sydney. 
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APPENDIX 

For  a signal  of  amplitude  x,  buried  in  noise  of  root  mean  square  amplitude  a, 

1 X 

the  probability  of  the  output  being  positive  is  h + . A single-bit 

digitiser  (often  called  a two-level  digitiser  or  polarity  detector)  could  be 
used  to  encode  this  signal  into  a string  of  ones  (positive)  and  zeroes  (negative) 
After  a period  of  time  during  which  x remains  constant,  n,  ones  and  n0  zeroes 
are  recorded, the  best  estimate  of  x is  its  expected  value. 


< x > = 


ni  - no 
ni  + n0 


7 1 


■ .u  • n 0 

with  variance 

2(n0 


When  the  sampling  rate  is  not  at  the  Nyquist  frequency 


+ n,  ) • 

(which  is  twice  the  bandwidth),  allowance  must  be  made  for  correlations  between 
samples.  The  analysis  for  the  product  of  two  signals  has  been  done  by  Hagen 
(1972)  using  a treatment  similar  to  Burns  and  Yao  (1969).  If  m is  the  relative 
sampling  rate  so  that  it  is  the  Nyquist  rate  when  m = 1,  the  signal  to  noise 
degradation  ratio  for  three  cases  of  interest  are 

(1)  Product  of  two  analogue  signals 


Pi 


= -Cl  + 2 ' p,  2) 

m ’ L t H k ’ ' 

k=l 


(2)  Product  of  analogue  by  2 level  digital  (hybrid) 


2m(1  + pk  arc  sin  (pk» 

k=l 


(3)  Product  of  2 level  digital  by  2 level  digital 


im^1  + ^ ^ (arC5in  (Pk))2)’ 


k=l 


where  p^  is  the  correlation  coefficient  between  samples  k intervals  apart,  and  it 

is  assumed  that  the  signal  changes  very  slowly  compared  to  the  sampling  rate. 

The  major  difference  between  P\  and  Pi  (or  P) 1 is  the  incorporation  of  the 
Van  Vleck  relation  (1966)  which  relates  the  correlation  ratio  of  a two-level 
output  to  the  correlation  ratio  of  the  original  signal.  The  correlation  coeffic- 
ientsp^  are  obtained  by  taking  the  Fourier  cosine  transform  of  the  noise  power 
spectrum.  For  a rectangular  bandpass  filter  the  result  is  p^  = sinc(_j. 

Table  1 lists  values  of  P,  , P2  and  P 3 as  a function  of  m ^or  this  casemof  a 
rectangular  noise  spectrum.  A few  calculations  with  other  spectra  suggest  that 
the  degradation  ratios  are  not  very  sensitive  to  the  spectral  shape  provided 
the  total  power  remains  the  same. 
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AN  ULTRASONIC  IMAGING  SYSTEM  FOR  USE 
WITH  A LARGE  AERIAL  ARRAY 

D.N.  Hart,  Department  of  Physics, 
University  of  Adelaide 


SUMMARY 

An  ultrasonic  imaging  system  has  been  constructed  for  use  with  the  large 
aerial  array  at  the  University  of  Adelaide  field  station  at  Buckland  Park. 

This  system  allows  direct  observation  of  the  modulus  of  the  angular  spectrum  of 
radio  energy  impinging  on  the  aerial  array  at  either  of  two  frequencies  (2  MHz 
and  6 MHz).  The  analysis  is  performed  in  real  time. 

A description  of  the  equipment  is  presented,  along  with  some  applications  in 
ionospheric  physics  and  low  frequency  radioastronomy. 
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1.  INTRODUCTION 

The  imaging  system  described  in  this  paper  has  been  constructed  at  the 
University  of  Adelaide  field  station  at  Buckland  Park  (approximately  40  km  north 
of  the  city)  for  the  purpose  of  ionospheric  and  radioastronomical  research.  It 
is  designed  to  allow  observation  in  real  time  of  the  angle  of  arrival  of  radio 
energy  at  2 or  6 MHz  incident  upon  a large  antenna  array.  The  system  is  limited 
to  pulsed  operation  for  reasons  that  are  discussed  in  Section  3.2. 


2.  THE  ANTENNA  ARRAY 

The  main  receiving  array  consists  of  178  crossed  dipole  antennas  (figure  1) 
which  can  either  be  connected  to  receive  circularly  polarized  radiation,  or 
operated  separately  to  form  two  independent  89  element  linearly  polarized  arrays. 
The  electrical  length  of  the  cable  from  each  antenna  is  adjusted  so  that  the 
relative  phase  between  signals  produced  in  different  aerials  is  preserved  in 
the  central  laboratory  at  both  operating  frequencies  of  1.98  and  5.995  MHz. 

A pulse  transmitter  located  at  the  edge  of  the  array  provides  linearly  or 
circularly  pjlarized  transmissions  at  1.98  MHz  (which  will  be  referred  to  as 
2 MHz)  with  a maximum  peak  power  of  about  100  kW.  Transmissions  at  5.995  MHz 
(6  MHz)  are,  at  the  present  time,  restricted  to  linear  polarization  with  a 
peak  power  of  4 kW.  A more  detailed  description  of  the  array  is  given  by 
Briggs  et  al  (1969). 


3.  THE  IMAGING  SYSTEM 

3.1  Brief  outline 

A block  diagram  of  the  imaging  system  is  shown  in  figure  2.  Its  operation 
is  as  follows. 

A radio  diffraction  pattern  (of  ionospheric  or  radioastronomical  origin) 
formed  over  the  ground  is  sampled  by  the  89  aerials  of  the  array.  These 
signals  are  amplified,  converted  to  an  IF  frequency  of  455  kHz,  and  fed  to 
an  array  of  piezoelectric  transducers  at  one  end  of  a large  stainless  steel 
water-filled  tank.  The  transducers  are  arranged  in  the  same  pattern  as  the 
aerials  of  the  array  so  that  an  acoustic  wavefront  similar  in  amplitude  and 
phase  to  the  original  radio  diffraction  pattern  is  propagated  through  the 
water.  The  transducers  are,  however,  arranged  on  the  surface  of  a sphere 

so  that  the  wavefront  produced  is  curved  and  comes  to  a focus  at  a distance 
equal  to  the  radius  of  curvature  of  the  transducer  array.  A second  set 
of  transducers  is  arranged  as  a receiving  array  in  the  focal  plane  of  the 
transmitting  array  (at  a distance  of  1.65  m)  and  samples  the  acoustic  image 
produced.  The  signals  from  this  set  of  transducers  are  fed  to  amplifying 
and  detecting  circuits  which  drive  a light  emitting  diode  display  that  gives 
an  optical  presentation  of  the  focused  acoustic  image.  This  then  represents 
the  modulus  of  the  angular  spectrum  (or  intensity  vs  angle  of  arrival)  of 
the  radio  energy  incident  upon  the  aerials  of  the  main  array. 

3.2  Discussion 

It  is  critical  for  the  successful  operation  of  the  instrument  that  the 
relative  phases  of  the  89  sampled  signals  must  be  kept  constant  throughout 
the  amplifying  and  mixing  stages  and  up  until  they  are  fed  into  the  water 
tank.  This  is  achieved  by  operating  all  of  the  superheterodyne  receivers 
at  constant  gain  so  that  the  phase  shift  through  them  is  stable  (the  phase 
shift  is  gain  dependent).  Also,  all  of  the  mixers  are  driven  by  a common 
local  oscillator  ensuring  correct  phase  information  in  the  IF  signal. 
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Constant  gain  operation  of  the  receivers  seriously  degrades  the  dynamic 
range  of  the  system  so,  to  remedy  this,  a set  of  voltage  controlled  attenua- 
tors prefaces  the  set  of  receivers.  Each  of  these  is  driven  by  a voltage 
derived  from  the  average  level  of  the  corresponding  receiver  output  in  such 
a way  as  to  maintain  the  output  at  an  approximately  constant  level.  The 
time  constant  is  variable  but  is  usually  set  at  about  100  s.  The 
attenuators  have  a range  of  -1  to  -35  dB.  This  arrangement,  along  with  a 
facilit)  for  varying  the  transmitted  power,  provides  sufficient  dynamic 
range  to  cover  most  input  signal  amplitudes.  It  might,  at  first  sight, 
appear  that  this  method  would  seriously  degrade  the  signal  to  noise  ratio  of 
the  system.  However,  as  most  of  the  noise  is  externally  generated,  this 
is  not  so. 

Water  was  chosen  as  the  acoustic  medium  for  the  imaging  system  because 

(1)  it  provides  a reasonable  impedance  match  for  the  transducers  (good 
energy  transfer  from  transducer  to  water, 

(2)  the  wavelength  of  455  kHz  ultrasound  in  it  (3.2  mm)  is  a convenient 
length,  and 

(3)  it  is  cheap. 

As  noted  in  Section  1,  the  imaging  system  is  restricted  to  pulsed 
operation.  This  restriction  is  due  to  the  fact  that  the  stainless  steel 
surfaces  of  the  tank  are  excellent  reflectors  of  the  acoustic  waves  and  it 
is  necessary  to  ensure  that  these  unwanted  reflections  do  not  interfere 
with  the  acoustic  image.  This  is  achieved  by  pulsing  the  input  signal  to 
the  tank.  The  shortest  possible  time  interval  between  the  arrival  of  the 
wanted  image  and  the  first  reflected  signal  is  slightly  more  than  100  ps. 

In  practice,  the  most  significant  wall  reflections  arrive  about  160  to  200  ps 
later.  The  time  for  all  reflections  to  dissipate  after  a pulse  is  of  the 
order  of  5 ms.  Thus,  provided  the  input  pulse  is  shorter  than  about  100  ps 
and  the  repetition  frequency  is  not  higher  than  200  Hz,  no  interference  from 
reflections  will  be  encountered.  The  pulsed  input  to  the  tank  is  obtained 
by  pulsing  the  common  local  oscillator.  This,  in  effect,  switches  the 
receivers  on  for  the  required  interval  and  suppresses  their  output  at  all 
other  times.  In  ionospheric  applications  the  pulse  is  adjustable  both  in 
width  and  delay  so  that,  for  example,  a particular  ionospheric  echo  may  be 
selected.  In  the  case  of  continuous  inputs  (c.g.,  radioastronomical 
observations)  the  pulsed  local  oscillator  serves  to  "chop"  the  input  signal 
so  that  it  may  be  processed  by  the  system. 

When  the  receiving  array  is  operating  at  2 MHz  the  field  of  view  of  the 
imaging  system  is  ±28  from  the  zenith  with  a resolving  power  of  approximately 
±4.5  to  the  half  power  points.  At  6 MHz,  the  resolving  power  is  increased 
by  a factor  of  3 but  the  field  of  view  is  correspondingly  decreased. 


4.  APPLICATIONS 

The  imaging  system  can  provide  unambiguous  information  on  the  direction  of 
arrival  of  radio  energy  under  all  conditions.  In  this  respect  it  is  superior 
to  most  direction  finding  systems  which,  in  general,  fail  when  energy  is  incident 
from  several  directions  simultaneously.  Ionospheric  irregularities  which 
produce  this  type  of  reflection  are  not  well  understood.  For  example,  structures 
which  produce  such  complex  reflections  are  spread  F irregularities,  sporadic  E 
formulations,  and  D-region  irregularities.  The  imaging  system  described  here 
should  prove  a valuable  tool  in  leading  to  an  understanding  of  these  phenomena. 
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Radioastronomical  observations  below  10  MHz  are  rare  and  directional  inform- 
ation at  frequencies  less  than  10  NO! z is  non-existent.  Measurements  at  these 
low  frequencies  are  generally  only  possible  during  years  of  sunspot  minimum  when 
the  ionospheric  critical  penetration  frequency  falls  to  a sufficiently  low  value. 
We  are  currently  in  such  a period  and  it  is  planned  to  use  the  imaging  system  to 
carry  out  a sky  survey  at  6 MHz.  The  resolution  of  the  survey  would  be 
approximately  1°. 
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Figure  1.  Diagram  showing  the  layout  of  the  receiving  array. 

Each  cross  represents  a pair  of  dipoles.  The 
transmitting  array  is  positioned  700  m to  the  south- 
east of  the  array  centre. 
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F i gure  2 . 


Detailed  block  diagram  of  image-forming  system 
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1.  INTRODUCTION 

This  paper  presents  a review  of  processing  methods  as  currently  used  in  array 
seismology.  It  is  intended  for  an  audience  interested  in  the  general  principles 
of  array  processing.  The  material  presented  draws  heavily  on  a forthcoming  book 
by  Dr  Muirhead  and  myself.  As  will  be  evident  from  the  papers  presented  at  this 
symposium,  whilst  there  is  considerable  similarity  at  a fundamental  level  between 
the  methods  of  array  processing  used  in  the  various  fields,  there  are  also 
considerable  differences.  My  original  interest  in  seismic  processing  arose 
partly  out  of  an  acquaintance  with  radio  astronomy  and  the  realization  that  the 
correlation  techniques  developed  there  could  be  applied  to  seismology.  In  the 
event,  very  few  of  these  techniques  could  be  taken  over  directly,  the  differ- 
ences being  due  to  the  following  factors: 

(1)  the  characteristics  of  the  signal  (transient  nature,  long 
wavelength,  low  frequency), 

(2)  the  characteristics  of  the  noise, 

(3)  technological  difficulties. 

The  transient  nature  of  the  signal  (for  example,  the  p-wave  lasts  only  a few 
seconds)  means  that  long  integration  times  cannot  be  used  as  a method  of  signal/ 
noise  enhancement.  The  long  wavelength  (the  order  of  10  km)  means  that  the 
difficulty  and  cost  of  constructing  an  array  of  even  medium  aperture  is  very 
great.  The  low  frequency  creates  two  sorts  of  difficulties.  Firstly,  when 
these  studies  were  beginning  the  technological  difficulties  of  constructing 
stable  low-noise  d.c.  amplifiers  were  considerable  and  seismology,  as  did 
radio  astronomy  in  its  early  days,  went  through  a period  where  a great  deal  of 
its  effort  was  devoted  to  the  design  of  the  front  end  of  the  system.  Fortunately 
with  the  development  of  transistor  technology  this  problem  has  receded,  at  least 
for  short  period  seismology  which  is  dealt  with  here.  Long  wavelengths  and  low 
frequencies  also  implies  low  propagation  speeds  (~  10  km/s)  and  this  inhibited 
the  development  of  on-line  analogue  processing.  The  full  development  of  seismic 
processing  had  to  await  the  time  when  recorded  versions  of  the  signals  were 
available  in  a form  suitable  for  directly  feeding  into  a computer.  This  too 
brought  its  problems,  as  most  of  the  records  are  of  seismic  noise  which  is  of 
little  intrinsic  interest  (although  this  is  not  known  until  after  the  records 
have  been  processed),  so  that  the  system  tends  to  be  flooded  with  irrelevant 
data. 

A difficulty  that  arises  in  applying  conventional  noise  theory  to  seismology 
is  that  this  theory  is  mainly  developed  for  ergodic  random  sources,  whereas  a 
large  component  of  seismic  noise  possesses  spatial  coherence.  This  of  course 
makes  it  easier  to  discriminate  against  the  noise,  but  means  that  some  of  the 
algorithms  developed  by  seismologists  for  dealing  with  their  signals  may  not 
be  applicable  directly  in  other  fields. 

A further  bugbear  in  the  processing  of  seismic  arrays  is  the  occurrence  of 
noise  of  non-seismic  origin.  Some  of  these  extraneous  noises  which  get  into 
the  system  possess  coherence  over  the  whole  array  and  thus  can  masquerade  as 
signals.  For  example,  lightning  which  can  affect  all  the  seismometers  in  an 
array  simultaneously  will  be  interpreted  as  a seismic  signal  arriving  from  the 
direction  of  the  downward  vertical  unless  special  methods  are  adopted  to 
recognise  it. 

The  continuing  solution  of  the  technological  problems  discussed  above  are  at 
least  as  important  to  seismic  array  processing  as  the  development  of  processing 
algorithms  of  the  type  dealt  with  in  this  paper. 
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In  the  paper  we  discuss  some  of  the  processing  methods  more  commonly  used 
for  arrays.  Non-linear  methods  are  only  dealt  with  lightly  as  they  will  be 
covered  by  other  authors  at  this  symposium  and  well  known  techniques  such  as 
deconvolution,  frequency  filtering,  etc.,  are  only  treated  incidentally. 


2.  THE  GENERAL  SEISMIC  ARRAY 

A seismic  array  consists  of  a number  of  sensors  (seismometers)  spread  out 
over  the  surface  of  the  ground,  generally  in  a geometrical  pattern,  and  with 
their  outputs  processed  in  such  a way  as  to  take  account  of  the  coherence  of 
the  wanted  signals.  Systems  in  which  the  unprocessed  output  of  a number  of 
telemetered  seismometers  are  presented  synchronously  to  a seismic  interpreter 
are  not  here  considered  as  arrays,  although  it  must  be  pointed  out  that  a 
skilled  interpreter  carries  out  intuitively  a great  deal  of  'eyeball'  processing 
and  the  results  which  can  be  achieved  by  this  method  arc  often  surprising. 
Nevertheless,  the  objective  of  array  processing  is  to  automate  and  refine  the 
process  of  interpretation  and  to  present  the  output  in  a form  where  it  can  be 
interpreted  with  less  skill  or  whereby  information  which  is  otherwise  not 
apparent  con  be  obtained.  A great  deal  of  the  effort  in  seismic  processing 
has  gone  into  the  presentation  of  reconsituted  seismograms  in  which  the  signals 
can  be  studied  free  from  interfering  noises.  Some  of  the  processing,  however, 
results  in  direct  computer  output  of  the  desired  parameters  of  the  signal. 

The  long  wavelength  of  seismic  signals  means  that  the  array  is  spread  over  a 
large  piece  of  land.  The  U.K.A.E.A.  type  array  at  Tennant  Creek  is  approx- 
imately in  the  form  of  a cross  with  arms  25  km  long.  LASA  (the  'Large  Aperture 
Seismic  Array',  Green  et  al  1965)  in  Eastern  Montana,  U.S.A.,  has  an  aperture 
of  200  km. 

Experiments  have  been  carried  out  with  spatial  arrays,  the  seismometers  being 
located  in  deep  boreholes.  However,  because  a large  component  of  the  unwanted 
noise  consists  of  surface  (Rayleigh)  waves,  very  deep  holes  are  required  to 
effect  much  improvement  and  it  turns  out  to  be  more  economical  to  build  a larger 
array  on  the  surface  of  the  ground. 

An  M sensor  array  is  shown  in  figure  1.  It  consists  of  M seismometers 
spread  out  over  the  surface  of  the  ground,  generally  in  a geometrical  pattern 
as  well  as  amplifiers,  telemetry  equipment,  transmission  links,  recorders  and  a 
signal  processor.  The  signal  processor  may  range  between  simple  bandpass  and 
band  splitting  filters  to  on-line  computers  both  for  editing  what  is  to  be 
recorded  and  for  automatic  event  detection.  As  the  ultimate  sensitivity  of  an 
event  detector  depends,  amongst  other  things,  on  the  amount  of  time  spent  in 
the  processing,  the  amount  of  preprocessing  which  is  carried  out  locally  or  on- 
line is  always  a compromise  between  the  amount  of  information  it  is  desired  to 
extract  from  the  signal  and  the  cost  and  nuisance  of  having  to  record  all  the 
time  when  it  is  known  that  most  of  the  record  will  be  of  seismic  noise. 

Recause  seismometers  and  their  associated  equipment  are  expensive,  seismic 
arrays  have  a small  number  of  elements:  the  U.K.A.E.A.  twenty,  and  LASA,  the 
largest  in  the  world,  now  has  326  (this  number  was  originally  525  but  because 
the  extra  seismometers  were  not  fully  effective  they  were  removed  for  another 
purpose).  Perhaps  it  would  put  this  size  aspect  into  perspective  by  describing 
a U.K.A.E.A.  type  array  as  the  seismic  analogue  of  a Mills  cross  with  an 
aperture  of  approximately  2^.  This  is  a very  small  aperture  by  the  standard  of 
arrays  used  in  other  fields  of  study.  It  is  for  this  reason  that  seismologists 
have  had  to  turn  their  attention  to  the  most  sophisticated  processing  methods 
in  order  to  extract  the  maximum  amount  of  information. 


58 


WRE-MISC-1 


Given  digital  processing,  the  exact  array  geometry  is  not  so  important  except 
in  determining  the  magnitude  of  the  computing  task.  In  the  past  when  delays 
were  inserted  by  tape  loops  or  when,  because  of  limitations  on  computer  capacity, 
a certain  amount  of  preprocessing  was  done  by  analogue  methods,  it  helped  if 
the  seismometers  were  arranged  in  geometrical  patterns,  for  example,  straight 
lines.  The  usual  discussions,  as  dealt  with  in  antenna  theory  about  how  to 
dispose  the  elements  so  as  to  achieve  given  lobe  and  side-lobe  patterns,  apply. 
However  the  question:  "What  is  the  optimum  distribution  of  M seismometers?" 
does  not  have  an  answer  as  the  distribution  depends  on  the  purposes  for  which 
the  array  will  be  used. 


3.  SIGNAL  PROCESS ING 

We  shall  assume  off-line  processing  on  a recorded  version  of  the  output  of 
the  M seismometers.  Processing  in  real  time  does  not  involve  any  great 
differences  except  that  even  then  there  will  be,  inevitably,  time  delays 
between  the  receipt  of  the  signal  and  the  availability  of  the  output. 

A general  theory  of  linear  seismic  processing  has  been  given  (Green  et  al 
1966).  This  will  now  be  outlined  and  special  cases  discussed. 

The  seismic  signal  is  specified  by  an  angular  frequency  to  and  a vector 
wavenumber  g.  Signals  of  various  types  can  thus  be  represented  as  lying  in 
various  parts  of  ok  space.  The  properties  of  the  array  are  represented  by  a 
function  G((.qjJ.)  having  particular  values  at  points  in  this  space  - G(<o,tc)  will 
be  recognised  as  the  directivity  function  of  antenna  theory,  by  shaping  G(co,k) 
(that  is,  by  choosing  the  array  geometry  and  the  processing  method)  so  that  it 
is  large  in  those  parts  of  space  where  the  desired  signal  is  located  and 
small  in  the  regions  where  th"e  noise  resides,  an  array  can  be  'tuned'  to  have 
an  optimum  response  to  the  desired  signal  - for  example,  a lobe  can  be  pointed 
towards  the  signal  or  a null  towards  the  noise.  Further,  for  wide-band  systems, 
this  can  be  done  frequency  by  frequency.  It  can  be  shown  (Christiansen  and 
Hbbgom,  1969)  that  GOok)  is  given  simply  as  the  spatial  Fourier  transform  of 

the  'illumination'  across  the  array. 

-♦  -♦  -♦ 

Let  U(£0;  r)  be  the  movement  of  t lie  ground  at  the  point  r.  Let  the  ground 
movement  be  weighted  by  a factor  W(r)  and  the  signal  delayed  by  r (r)  then  the 
G(c>}k)  which  results  is  given  by 

G(co, k)  = / W exp  [j(urt  k.r)]U  dr.  ^ 

whole 
array 

In  this  equation  G is  normalised  with  respect  to  the  output  of  a single 
seismometer,  rather  than  to  unity  as  is  usual  in  antenna  theory.  Wp  make  the 
simplifying  assumption  that,  apart  from  a phase  (time)  difference,  Ulca.r)  is 
the  same  at  all  the  seismometers  which  are  localised  at  points  on  the  plane. 

Thus  we  can  rewrite  equation  (1)  as 

G(co,t)  = £ W(r)exp  [ j (to  T+R.r)]  (2) 

all 

seismometers 

In  practice  we  are  interested  in  | G|  3 ; that  is,  power  rather  than  amplitude  and 
this  is  simply  obtained  from  equation  (2).  Applying  the  process  described  in 
equation  (2)  is  analogous  to  beamforming  and  we  shall  now  apply  this  to  various 
situations. 
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4.  CLUSTER  ARRAYS 

A cluster  was  the  first  type  of  array  to  be  developed  and  consists  of  a 
number  of  seismometers  whose  outputs  are  simply  summed.  This  corresponds  to 
W(r)  = 1,  t=  0 in  equation  (2),  from  which  it  can  be  seen  that  I cl 2 has  a maxi- 
mum value  of  M-  when  k = 0;  that  is,  when  the  beam  points  vertically  downwards. 
For  random  noise  signals  which  arrive  equally  from  all  directions  at  a linear 
array  with  elements  equally  spaced  half  a wavelength  apart,  it  can  be  shown 
from  equation  (2)  that  the  average  value  of  I Gl  2 is  M.  Thus  such  a cluster  will 
give  a power  gain  of  M in  signal -to-noise  for  signals  which  arrive  from  the 
direction  of  the  downward  vertical  and  approximately  this  gain  for  signals  which 
arrive  'near'  this  direction:  in  this  context  'near'  means  angles  of  arrival 
for  which  the  apparent  wavelength  over  the  surface  of  the  ground  is  large 
compared  with  the  dimensions  of  the  cluster.  It  should  be  pointed  out  for  those 
not  familiar  with  seismic  wave  propagation  in  the  earth  that  because  the 
velocity  of  seismic  wave  propagation  increases  with  depth  in  the  earth  the 
first  arrivals  from  distant  events  come  from  a direction  near  the  downward 
vertical . 


5.  DELAY  AND  SUM 

The  obvious  improvement  to  make  to  a cluster  is  to  introduce  delays  into 
the  signals  before  summing  so  as  to  give  freedom  to  point  the  main  lobe  in  a 
direction  other  than  vertically  downwards.  Turning  again  to  equation  (2) 
we  put  in  this  case  W(r)  = 1,  r = -ko.r/w  and  obtain 

G(to,k)  = 2 expl  j (k-k  ) . r]  . f3) 

whole 
array 

♦ -♦ 

This  is  the  same  expression  as  for  a cluster  except  that  k -kD  replaces  k and 
the  main  lobe  can  now  be  pointed,  frequency  by  frequency,  in  any  direction  k0. 

A further  refinement  can  be  achieved  by  weighting  the  elements  in  a delay  and 
sum  array.  This  introduces  the  possibilities  of  the  usual  compromise  between 
suppressing  sidelobes  at  the  expense  of  widening  the  main  beam  and,  if  the 
weights  are  also  made  functions  of  co,  of  frequency  filtering. 

An  example  of  what  can  be  done  by  delay  and  sum  processes  is  shown  in  figure 
2.  The  figure  shows  various  outputs  from  an  event  recorded  on  a U.K.A.E.A. 
type  array  at  Tennant  Creek  and  processed  digitally  by  Dr  Muirhead  at  the  ANU. 
The  record  also  includes  some  other  processing  which  will  be  referred  to  later. 
The  trace  on  the  first  line  is  the  output  of  a typical  seismometer  in  the  array. 
The  trace  on  the  fourth  line  shows  the  phased  and  summed  outputs  of  all  the  20 
seismometers  in  the  array.  The  existence  of  a seismic  signal  arriving  from 
the  direction  to  which  the  array  is  tuned  is  evident  on  the  fourth  trace  whereas 
this  is  not  apparent  on  the  first  trace  which  looks  like  a typical  record  of 
random  seismic  noise. 
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6.  MAXIMUM  LIKELIHOOD  FILTERING 

In  order  to  explain  the  objectives  of  this  method  of  filtering,  we  start  with 
a digression  about  how  the  subject  of  seismic  array  processing  developed.  When 
work  commenced  in  these  areas,  digital  computers  and  their  ancillary  equipment 
were  not  as  developed  or  available  as  they  are  today  and  even  now  the  amount  of 
information  to  be  processed  presents  a formidable  task.  The  inflexibility  of 
analogue  devices  once  they  had  been  built,  as  well  as  the  need  to  restrict  the 
amount  of  data  processed  by  those  who  had  access  to  digital  equipment,  led  to 
the  development  of  two  schools  of  thought  conditioned  both  by  seismological 
considerations  and  the  purposes  for  which  the  information  was  required.  The 
big  drive  and  large  ;imount  of  money  available  for  the  development  and  construc- 
tion of  seismic  arrays  originated  from  the  desire  to  monitor  underground  nuclear 
explosions  with  a view  to  policing  an  underground  nuclear  test  ban  treaty.  In 
nuclea’’  surveillance  one  can  distinguish  two  distinct  problems;  firstly,  the 
detection  of  suspicious  events  and  secondly  their  positive  identification  either 
as  earthquakes  or  explosions.  Briefly  one  can  say  thai'  given  good,  sufficiently 
noise-free  records  there  are  seismic  criteria  which  enable  this  discrimination 
to  be  carried  out,  but  however  much  the  equipment  and  processing  methods  are 
refined  there  always  will  be  events  which  can  be  detected  but  which  cannot  be 
identified  positively.  For  historical  reasons,  this  led  one  group  (mainly  in 
the  U.S.)  to  concentrate  on  the  production  of  more  noise-free  records  by 
linear  processing  methods  which  do  not  alter  the  'signature'  of  the  original 
seismogram.  The  other  group  (mainly  the  U.K.A.E.A.)  put  more  effort  into 
processes  that  increase  the  detectability  of  signals  in  noise.  The  first  of 
these  philosophies  led  to  the  development  and  application  at  LASA  of  the 
maximum  likelihood  method  of  processing  and  the  second  to  the  correlation 
processes  used  in  the  U.K.A.E.A.  array.  Of  course,  both  groups  now  have  the 
capacity  to  apply  either  method  as  they  wish. 

Maximum  likelihood  filtering  is  a special  case  of  filter,  weight,  delay  and 
sum  in  which  restraints  are  placed  on  the  filter  coefficients  by  the  require- 
ment that  the  signals  be  undistorted.  It  can  be  shown  (Green  et  al  1966)  that 
the  most  general  case  of  filter,  weight,  delay  and  sum  is  achieved  if  running 
samples  of  each  seismometer  output  are  taken  over  a time  interval,  T.  These 
samples  are  then  weighted,  delayed,  summed  and  averaged  over  T.  By  adjustment 
of  the  weights  and  the  sampling  time  this  process  includes  straight  sum,  delay 
anu  sum,  and  filter,  weight,  delay  and  sum:  it  is  in  fact  the  most  general 
linear  processing  which  can  be  carried  out. 

Suppose  that  the  noise  is  a multidimensional  Gaussian  process  and  that  the 
signal,  except  for  propagation  delay,  is  the  same  at  every  output.  The  output 
of  the  i-th  seismometer  is  sampled  at  uniform  discrete  time  intervals  t and  it 
is  assumed  that  the  appropriate  time  delays  to  bring  the  signals  into  phase 
have  been  inserted.  The  output  of  the  i-th  seismometer  it  time  rr  may  be 
expressed  as 

^(r)  = s (r)  ♦ n . (r)  (4) 


where  s(r)  is  the  signal  and  nj(r)  the  noise.  A set  of  L filter  coefficients 
for  every  seismometer  can  then  be  defined  for  the  array  processor,  that  is( 
there  are  LM  filter  coefficients.  The  output  y(r)  of  the  processor  at  time  rt 
is  given  by 


M L-l 


V V 

i=l  k=0 


no. 


y(r) 


t . ( r+k)co 

l l 


(5) 
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In  order  to  pass  the  signal  which  is  common  to  all  seismometers  without 
distortion  whilst  at  the  same  time  suppressing  the  noise  as  much  as  possible. 
Levin  (1964)  introduced  the  constraints 

W.(0)  = 1 


W.  (k)  = 0,  for  k 0. 

That  this  does  not  change  the  waveform  of  the  signal,  may  be  shown  by  inter- 
changing the  order  of  the  summation  in  equation  (5)  which,  after  some  manipu- 
lation, gives: 

M 

y(r)  = s(r)  + T m.(r-k)  IV.  (k). 

k=0  1 1 

The  filter  coefficients  are  normally  determined  on  a section  of  the  array  record 
Hist  prior*  to  the  signal  onset  so  as  to  minimise  the  average  value  of 
|y(r)  - s(r)]“.  In  the  language  of  statistical  theory,  this  least  square 
criterion  yields  a maximum  likelihood  estimate  of  the  signal  and,  given  the 
constraints,  no  linear  process  can  be  more  efficient.  A matrix  method  for 
calculating  the  coefficients  and  carrying  out  the  process  has  been  given  by 
Claerbout  (1968).  If  the  spacing  between  the  seismometers  is  sufficient  to 
render  the  noise  incoherent  between  them,  maximum  likelihood  processing  will 
degenerate  into  simple  delay  and  sum  and  yield  a gain  of  M.  An  interesting 
question  is  whether  a signal /noise  improvement  of  greater  than  M can  be  obtained 
with  this  method  if  the  seismometers  are  moved  closer  together  so  that  the  noise 
becomes  partially  coherent.  Clearly  in  cases  where  part  of  the  noise  is  highly 
organised  this  will  be  so  and  cases  of  improvement  greater  than  M have  been 
reported  in  the  literature  (Bachus  et  al  1964).  Based  on  experiments  with  data 
from  I.ASA,  in  which  delay  and  sum  processing  over  large  apertures  were  compared 
with  maximum  likelihood  filtering  for  a smaller  sub-array,  it  appears  that 
practically  the  same  signal/noise  improvement  can  be  obtained  by  either  method. 
Thus  the  main  advantage  of  maximum  likelihood  processing  over  delay  and  sum  is 
in  suppressing  coherent  energy  from  interfering  events  and  for  improving  a poor 
array  site  when  logistic  or  other  reasons  prevent  a better  site  from  being  used. 


M 

V 
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7.  CORRELATION  PROCESSING 

If  we  give  up  the  requirement  of  the  preservation  of  the  waveform  of  the 
signal  and  turn  to  the  detection  of  signals,  the  whole  field  of  non-linear 
processing  is  available.  Here  we  deal  with  correlation  processing.  Other 
methods  of  non-linear  processing  are  discussed  by  other  authors  at  this 
symposium. 

Firstly  we  consider  the  process  of  correlating  two  signals  and  how  this  is 
applied  to  the  U.K.A.E.A.  array.  Turning  to  equation  (4)  for  i = 1 and  2 we 
define  -,(t  ,r , T)  as 

0 (t,r  ,T)  = i / «,  (t'  )t’,(t'  -f)W(t'  )dt’  . (6) 

t-T 


* Mote  that  this  makes  the  process  an  adaptive  one  but.  there  is  evidence 
that  this  aspect  does  not  result  in  any  improvement. 
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lhc  time  I is  culled  the  window  of  correlation  and  W(t'  ) is  a weighting  factor. 

II  W = 1 the  window  is  called  square;  we  shall  confine  ourselves  here  to  this 
case,  although  other  windows  are  used  for  particular  purposes.  For  example  an 
exponential  window  is  more  useful  in  determining  onset  times  because  it  gives 
most  weight  to  the  most  recent  information.  It  can  be  shown  (Birthill  and 
IVhiteway,  1965)  that  if  B is  the  bandwidth  of  the  signal  used  in  this  correlation 
process  and  S/N  the  original  signal/noise  ratio  then  the  signal/noise  ratio  (S/N)', 
produced  by  the  process  defined  by  equation  (6)  will  be 


(-) 

to 


- (|r  (2BT)V(1 


:(fn\ 


(7) 


Because  of  the  low  values  of  2BT  f-^)  which  can  be  used,  an  improvement  in 
signal/noise  only  results  from  this  process  if  S/N^  and  we  then  have 


rS  ' 

to 


(BT)’5  (§) 


The  correlator  signal/noise  may  be  further  improved  by  dividing  the  seismometers 
into  two  almost  equal  groups,  phasing  and  summing  each  group  and  cross 
correlating  the  sums.  If  there  are  M/2  seismometers  in  each  group,  this  process 
increases  the  signal/noise  ratio  by  a further  M/2.  A further  improvement  of 
about  3 db  is  theoretically  possible  for  small  signal/noise  ratios  by  cross 
correlating  every  seismometer  pair  in  the  array,  but  in  practice  the  small 
values  of  signal/noise  for  which  this  improvement  would  be  available  are  not 
usable.  It  is  pointed  out  that  in  seismic  array  processing  a 3 db  improvement 
is  well  worth  having;  to  obtain  this  amount  of  improvement  by  increasing  the 
size  of  the  array  would  involve  roughly  doubling  the  size  (and  cost)  of  the 
array. 

The  U.K.A.E.A.  array  was  designed  for  processing  by  off-line  analogue 
computer  as  above.  It  consists  of  two  lines  of  seismometers  roughly  in  the 
t,<r  of  a cross  although  topography  often  causes  deviation  from  this  geometry. 

A dest'Y inti on  of  this  array  has  been  given  (U.K.A.E.A.,  1965). 

As  an  example  of  what  can  be  achieved  by  this  method  we  return  to  figure  2 
where  the  fifth  trace  shows  the  correlator  output.  The  great  improvement  over 
a single  seismometer  it  observed;  although  this  record  does  not  demonstrate 
much  advantage  over  delay  sod  sum  processing,  one  can  feel  more  confident  about 
the  arrival  time  of  coherent  'eTsuygv . 


8.  SIZE.  OF  COMPuTTsT-  PROBLEM 


To  conclude  this  survey  of  array  processing,  we  conS't-dtyr  two  aspects  of  the 
amount  of  data  that  has  to  be  handled  in  seismic  array  proce^t»g^__recording 
and  on-line  beamforming. 

With  digital  recording,  a standard  half-inch,  2 400-foot  magnetic  tape 
sampled  at  the  rate  of  20  Hz  for  20  channels  (U.K.A.E.A.  type  array)  with  a 
packing  of  800  bits/inch  would  fill  in  less  than  6 hours.  For  LASA  the  equiv- 
alent time  would  be  about  10  minutes.  In  fact,  the  U.K.A.E.A.  arrays  use 
analogue  recording  on  a one  inch, 7 200-foot  tape  which  lasts  10  days.  For 
LASA  which  uses  digital  recording  there  is  not  only  the  problem  of  supplying 
these  tapes  but  also  of  processing  them.  This  leads  to  consideration  of  the 
process  of  continual  surveillance  by  on-line  beamforming.  If  the  whole  of  the 
third  zone  were  to  be  searched  by  LASA  the  number  of  beams  required  would  be 
greater  than  40  000,  requiring  prodigious  on-line  computing  capacity.  Because 
of  the  large  number  of  beams  required,  even  for  a medium  aperture  array,  the 
geometry  of  the  array  is  usually  partly  determined  so  as  to  reduce  the 
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processing  required.  Dividing  the  whole  array  into  sub-arrays  (such  as  the  two 
straight  lines  in  the  U.K.A.E.A.  array  o the  2 sub-arrays  in  LASA)  reduces  the 
processing  problem  by  allowing  the  use  of  some  analogue  processing  (filtering, 
summing),  but  it  must  be  recognised  that  these  procedures  required  to  achieve 
economy  in  processing  prevent  the  attainment  of  the  ultimate  theoretical 
capability  of  the  array. 


9.  CONCLUSION 

This  paper  has  discussed  the  philosophy  of  the  methods  of  seismic  array 
processing  which  have  been  developed  with  particular  reference  to  linear  and 
cross  correlation  processes.  Whilst  in  the  future  processes  will  be  developed 
which  will  be  more  relevant  for  particular  problems  or  more  efficient  in  their 
use  of  computing  time,  the  author  does  not  expect  to  see  further  advances 
comparable  with  those  which  resulted  from  the  introduction  of  the  digital 
computer  into  this  area. 
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Figure  Outputs  using  different  types  of  processing 
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NTH  ROOT  PROCESSING  OF  SEISMIC  SIGNALS 

K.J.  Muirhead  5 Ram  Datt,  Research  School  of  Earth  Sciences 
Australian  National  University,  Canberra,  A.C.T. 


SUMMARY 

A process  of  taking  the  Nth  root  of  individual  signals  from  a seismic  array 
before  combining  them  into  array  beams  has  been  found  to  have  distinct  advantages 
over  linear  processing  in  both  the  detection  of  signals  and  the  determination  of 
their  direction  of  arrival. 

Although  the  improvement  is  largely  due  to  this  process  being  better  able  to 
cope  with  non-gaussian  noise  and  signal  generated  noise,  a series  of  experiments 
on  synthetic  data  has  shown  that  the  process  is  "fail  soft"  for  gaussian  noise, 
giving  results  not  significantly  worse  than  linear  processing. 
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1.  INTRODUCTION 

The  era  of  seismic  arrays  began  in  the  early  1960's.  The  impetus  was  given 
by  the  inability  of  the  current  seismic  technology  to  provide  certain  detection 
and  identification  of  underground  nuclear  explosions  rendering  impractical  a 
treaty  to  terminate  the  testing  of  underground  as  well  as  atmospheric  nuclear 
weapons  (Berkner  Committee  Report,  1959). 

The  initial  recommendations  of  the  Berkner  Committee  were  the  establishment  of 
seismic  arrays  of  sufficiently  small  spatial  geometry  so  that  high  apparent 
velocity  body  waves  would  be  enhanced  at  the  expense  of  low  velocity  surface  waves 
by  simple  summation. 

Several  of  these  small  arrays  were  established  in  the  U.S.  and  early 
experimentation  on  the  signals  and  noise  indicated  that  even  greater  improvements 
in  signal/noise  ratio  could  be  obtained  by  three-dimensional  filtering  Burg  (1964), 
Backus  et  al . (1964).  These  experiments  led  to  the  establishment  of,  first,  the 
barge  Aperture  Seismic  Array  (LASA)  in  Montana  and,  some  years  later,  a similar 
array  (NORSAR)  in  Norway.  Each  of  these  consists  of  an  array  of  subarrays. 

In  the  case  of  LASA  there  arc  twenty-five  7 km  diameter  subarrays  each  containing 
25  seismometers.  When  IASA  was  installed  it  was  found  that  at  a quiet  site  the 
performance  difference  between  linear  summation  and  three-dimensional  filtering 
was  not  great  at  the  relatively  high  frequency  (1  He)  energy  from  distant 
underground  nuclear  explosions.  This  knowledge  coupled  with  the  fact  that  three- 
dimensional  filtering  demanded  enormous  amounts  of  digital  processing  led  to  the 
abandonment  of  three-dimensional  techniques  in  favour  of  frequency  filtering 
and  linear  beamforming  for  all  except  specialised  processing  (Seismic  Array 
Design  Handbook,  1972). 

During  the  same  period  the  United  Kingdom  Atomic  Energy  Authority  (U. K. A. E . A . ) , 
after  initial  experiments  on  the  Salisbury  Plain,  evolved  a seismic  array  based 
on  the  Mills  Cross  (Mills  Little,  1953).  This  array  design  consists  of 
twenty  seismometers  in  the  shape  of  an  L,  each  arm  of  the  L containing  ten 
seismometers  at  a spacing  of  2'2  km  (Birtill  (,  Whiteway,  1965;  Keen  et  al . , 1965). 

The  dimensions  of  this  type  of  array  render  the  high  frequency  noise  (>  1 Hz) 

incoherent  for  all  practical  purposes  (Carpenter,  1965;  Weichert  et  al . . 1967) 
so  that  near  optimum  signal/noise  ratio  can  be  obtained  by  inserting  delays  to 
phase  the  array  and  then  summing  the  sensor  outputs. 

One  of  these  arrays  (WRA)  was  installed  at  Tennant  Creek  in  the  Northern 
Territory  ;n  1965  and  is  run  jointly  by  the  U.K.A.E.A.  and  the  Australian 
National  University. 

When  these  arrays  became  operational  it  was  found  that  their  advantages  over  a 
single  seismometer  were  threefold.  Firstly,  the  inherent  noise  reducing 
capabilities  allow  smaller  signals  to  be  detected.  Secondly,  the  ability  to 
determine  the  three-dimensional  direction  of  arrival  of  a signal  allows  an 
approximate  epicentre  determination  to  be  made  with  one  installation.  Thirdly, 
and  nost  importantly  from  the  point  of  view  of  pure  seismic  research,  a 
knowledge  of  an  epicentre  from  the  worldwide  seismic  network  allows  direct 
determinations  of  dt/dA  (the  rate  of  change  of  travel  time  with  distance)  to 
be  made  of  phase  arrivals.  This  factor  coupled  with  the  ability  to  separate 
closely  spaced  arrivals  has  proved  to  be  a useful  aid  in  delineating  the  elastic 
properties  of  the  Earth's  interior. 

Because  of  the  large  amounts  of  information  produced  by  a seismic  array, 
dissemination  of  the  data  is  normally  divided  into  two  distinct  processes.  The 
first  of  these  is  event  detection  in  which  sections  of  the  array  output  containing 
probable  events  are  identified.  The  second  is  event  processing  in  which  the 
parameters  of  the  signal  are  measured. 

With  the  U.K.A.E.A.  type  array  the  most  sophisticated  method  of  event 
detection  is  performed  by  initially  phasing  each  line  to  a number  of  line 
velocities  and  then  correlating  combinations  of  these  phased  line  sums  using  an 
integration  window  of  about  2s.  A detection  is  deemed  to  have  occurred  when  a 
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correlation  output  exceeds  an  adaptive  threshold  level  based  on  the  immediate 
past  history  of  the  noise  (Weichert,  et  al . , 1967).  This  detection  process  is 
carried  out  in  the  presence  of  seismic  noise,  which  over  short  periods  of  time 
may  be  gaussian,  but  has  superimposed  on  it  other  forms  of  noise  of  local  origin. 
These  other  forms  of  noise  which  are  normally  not  gaussian  originate  from  such 
sources  as  animals,  vehicles,  wind  gusts,  rain  showers,  electrical  storms, 
switching  transients,  etc.  In  addition  the  detection  problem  is  compounded 
because  the  background  seismic  noise  exhibits  spatial  as  well  as  temporal 
variations.  Under  these  conditions  the  event  detection  threshold  is  set,  not 
to  detect  the  maximum  number  of  events,  but  to  keep  the  number  of  false  alarms 
at  a manageable  level. 

In  an  effort  to  reduce  the  false  alarm  rate  and  thus  increase  the  detection 
capability  at  WRA,  Muirhead  (1968a, b)  suggested  taking  the  Nth  roots  of  the 
seismic  outputs  (with  the  sign  preserved)  before  beamfoming  as  this  process 
enhanced  coherence  at  the  expense  of  amplitude.  This  process  also  had 
advantages  over  other  forms  of  non-gaussian  noise  rejection,  e.g.,  clipping, 
because  the  original  data  could  be  reconstructed  by  raising  each  sensor  output 
to  the  Nth  power.  This  meant  that  a one  pass  system  requiring  minimal 
temporary  storage  could  be  used  to  detect  and  store  events. 

The  prospect  of  being  better  able  to  determine  the  true  direction  of  a signal 
was  also  appreciated  at  that  time  (Muirhead  1968b,  Wright  S Muirhead,  1969)  but 
was  not  pursued  because  crustal  structure  under  WRA  leading  to  possible  plane 
wave  deviations  and  loss  of  coherence  was  not  known  at  that  time. 

Nth  root  processing  has  also  been  investigated  by  Kanasewich  et  al . (1973)  who 
determined  on  synthetic  as  well  as  actual  seismic  data  that  it  gave  better  result 
than  any  linear  process  that  they  had  used.  Weichert  (1975),  using  logarithmic 
processing,  a process  designed  to  achieve  the  same  non-gaussian  noise  suppression 
as  Nth  root  processing  with  less  computational  requirements,  has  been  able  to 
lower  the  detection  threshold  of  the  YKA  array  by  at  least  0.3  m^  (approximately 

6 dBl  for  the  same  false  alarm  rate. 

The  necessity  for  greater  resolving  power  in  azimuth  and  apparent  velocity 
determinations  in  order  to  delineate  seismic  energy  travelling  through  the 
upper  700  km  of  the  earth's  mantle  has  led  to  a closer  look  at  the  capabilities 
of  the  Nth  root  process  for  seismic  array  processing  (Muirhead  and  Ram  Datt, 
1975).  The  conclusions  reached  in  this  study  are  that  Nth  root  processing  is 
only  marginally  worse  than  linear  processing  for  both  event  detection  and 
event  processing  if  the  background  noise  is  gaussian.  If  the  noise  becomes 
non-gaussian  the  Nth  root  process  rapidly  becomes  superior  for  lowering  false 
alarm  rates,  improving  signal/noise  ratios  and  determining  the  direction  of  a 
signal  onset. 


2.  THF.  NTH  ROOT  PROCHSS 

Let  the  output  of  the  ith  element  of  an  M element  phased  array  at  time  t be 

e.(t)  = s(t)  ♦ n.  (t)  (1) 

where  s(t)  is  the  coherent  signal  component  and  n.(t)  the  incoherent  noise 
component . 

After  taking  the  Nth  root  (with  the  sign  preserved)  and  summing  over  the 
whole  array  the  normalised  output  is 
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M 1_ 

ft)  = \ I s(t)  v ni  (t)l  N signiim  ! s(t)  + n.(t)j  (2) 

i = l 


which  after  raising  to  the  Nth  power  becomes 

E^(t)  = iE^(t)l  N . signum  E'N(t). 


(3) 


A mathematical  analysis  of  this  process  has  proved  intractable  particularly  as 
any  complete  analysis  should  also  deal  with  non-gaussian  noise.  It  is 
difficult  to  define  a complete  set  of  the  relevant  non-gaussian  noise  distributions. 
Two  limits  of  this  process  in  gaussian  noise  can  however  be  defined. 

First,  consider  the  case  of  n.(t)  «s(t);  then: 

J_ 

(t)  = i I S(t)l  N signum  (s(t))jN  . signum  I E^(t)l  = s(t)  (4) 


so  that  the  process  passes  the  signal  without  distortion.  Now  consider 

1_ 

N 

s(tl  <•'  n,(t).  In  this  case  I s(tl  + n^(t)l‘  . signum  js(tl  + n.  (t)|  approximates 

to  f 1 as  N becomes  large.  Thus  E’  (t)  approximates  to  the  sign  process 
(Melton  and  Karr  19571  and  E'  (t)  rather  than  E"  (t)  approximates  to  the  true 
signal  shape  as  M and  N become  large. 

To  determine  the  expected  values  of  E^  (t)  between  the  two  extremes  we  have 

synthesised  a signal  in  sets  of  gaussian  noise  and  determined  the  value  of 
E (t)  averaged  over  a large  number  of  sets  for  different  si gnal -to-noi so  ratios 

and  different  values  of  N.  Specifically,  104  sets  of  gaussian  numbers  having 
zero  mean  and  unit  standard  deviation  were  generated.  To  each  sample  in  each 
set  a constant  corresponding  to  a coherent  signal  was  added,  each  set  t.as 
combined  according  to  equations  (2)  and  (3)  and  the  average  value  of  E'1  (t)  for 
each  signal  level  obtained.  The  results  for  four  different  values  of  N are 
plotted  in  figure  1. 

As  anticipated,  the  normalised  output  for  N = 1 is  equivalent  to  the  input 
because  as  can  be  seen  from  equation  (3)  the  Nth  root  process  degenerates  to 
linear  processing  for  N = 1.  Verification  of  the  two  extreme  predictions  is 
also  indicated.  For  large  signal/noise  ratio  the  expected  value  of  E*  (t) 

asymptotically  approaches  the  signal  input  for  all  values  of  N.  Similarly  for 
small  values  of  signal/noise  ratio  the  expected  value  of  F.’^  (*)  approaches 

N 

s(t)  . This  figure  provides  graphical  evidence  that  the  Nth  root  process 
introduces  signal  distortion  and  is  of  little  use  if  the  prime  consideration  is 
to  preserve  the  signal  wave  shape  particularly  when  the  signal/noise  ratio  is 
small.  However,  as  will  become  evident,  the  larger  the  value  of  N the  more 
the  background  noise  level  is  suppressed  so  that  effectively  the  Nth  root  process 
enhances  the  signal/noise  ratio  where  the  signal  is  largest.  This  is  believed 
to  be  the  reason  why  Nth  root  processing  is  superior  for  determining  signal 
d; rect ions . 
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3.  SIGNAL  DETECTION 

The  ability  of  the  Nth  root  process  to  suppress  non-gaussian  noise  is 
illustrated  in  figures  2 and  3.  Figure  2 shows  some  of  the  seismometer  outputs 
from  the  WRA  array  with  a large  synthetic  noise  spike  added  to  one  channel . The 
single  noise  spike  has  been  introduced  for  clarity.  The  extension  of  the  results 
to  noise  transients  lasting  many  cycles  or  even  incoherent  transients  on  more  than 
one  channel  is  trivial.  The  linear  processed  output  with  the  array  phased  to  the 
event  is  shown  in  figure  3(a)  and  the  Nth  root  processed  output  using  a value  of 
N =2  in  figure  3(b).  Notice  that  in  the  linear  processed  output  the  noise  spike 
is  as  large  as  the  signal  in  the  phased  array  sum  and  is  still  significant  in 
the  correlator  output  while  in  the  Nth  root  output  it  is  suppressed  almost  to 
the  point  of  being  lost  in  the  background  noise.  As  may  be  easily  verified  by 
considering  a noise  spike  on  one  channel  and  no  noise  on  all  other  channels,  the 

amplitude  reduction  for  this  type  of  noise  approximates  to  — on  the  array  output 

MN 

so  that  for  a 20  element  array  and  N = 2 the  noise  reduction  is  400. 

To  determine  the  detection  capabilities  of  the  Nth  root  process  using  gaussian 
noise,  I05  sets  of  20  gaussian  distributed  numbers  were  generated  and  combined 
according  to  equations  (2)  and  (3)  for  various  values  of  N.  For  each  value  of 
N the  maximum  value  of  E^  (t)  was  chosen  as  a reference  detection  threshold. 

This  threshold  corresponds  approximately  to  one  false  alarm  per  array  beam  per 
day,  the  detection  being  performed  on  the  rectified  output  of  the  total  array 
sum  without  any  signal  averaging.  The  experiment  based  on  this  method  of 
detection  rather  than  on  the  averaged  correlator  output  was  performed  for 
computational  expediency.  However,  because  the  transient  nature  of  seismic 
signals  only  allows  averaging  over  two  or  three  cycles  it  is  believed  that  the 
results  to  be  given  are  representative  of  those  which  would  be  obtained  if  the 
experiment  was  designed  to  simulate  the  real  situation  as  precisely  as  possible. 
Further  sets  of  gaussian  numbers  were  then  generated  with  a constant, 
corresponding  to  a signal,  added  and  once  again  combined  according  to  equations 
(2)  and  (3). 

By  declaring  a detection  when  the  "signal  + noise"  output  exceeded  the 
reference  threshold,  the  percentage  detection  capability  for  various  values 
of  N and  for  different  signal  levels  was  obtained  and  is  shown  in  figure  4(a). 

This  figure  indicates  that  for  a value  of  N = 2 the  50%  detection  capability 
is  only  marginally  worse  than  the  linear  case  and  the  N = 2 process  could  be 
used  instead  of  N = 1 with  small  less  of  detection  capability  in  pure  gaussian 
noise.  As  the  value  of  N is  increased  the  loss  of  detection  capability 
increases  but  for  N = 8 the  50%  detection  capability  is  only  3 dR  worse  than  for 
linear  processing. 

This  experiment  was  then  repeated  with  detection  thresholds  equal  to  1.4  and 
2.0  (3  dB  and  6 dB)  times  the  reference  thresholds  the  results  of  which  are  shown 
in  figure  4(b)  and  4(c).  Figure  4(b)  shows  that,  if  the  detection  threshold 
must  be  raised  in  order  to  keep  false  alarms  at  an  acceptable  level,  a point  is 
soon  reached  where  the  detection  capabilities  in  the  presence  of  gaussian 
noise  are  independent  of  the  value  of  N.  If  the  detection  threshold  must  be 
raised  still  further,  the  Nth  root  process  has  a better  detection  capability 
and  this  capability  increases  with  increasing  values  of  N. 

Of  further  interest  is  the  fact  that  for  N = 1 the  signal  level  for  a 50% 
detection  capability  varies  in  the  sam ' ratio  as  the  detection  threshold  while 
for  N = 8 the  detection  capability  is  almost  independent  of  the  detection 
threshold.  This  indicates  that  the  Nth  root  process  can  accommodate  varj  g 
ambient  levels  of  noise  much  better  than  the  linear  process. 

The  conclusions  which  can  be  drawn  from  the  results  illustrated  in 
figures  2,  3 and  4 are  that,  in  the  presence  of  gaussian  noise,  linear 
detection  processing  performs  marginally  better  than  the  Nth  root  process  provided 
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N is  not  large.  However,  if  the  noise  is  not  gaussian  then  the  Nth  root 
process  is  better  able  to  deal  with  it  both  from  the  point  of  view  of 
suppressing  noise  transients  and  of  being  able  to  operate  with  a higher 
signal  detection  capability  in  the  presence  of  these  transients.  Furthermore, 
figure  4 indicates  that  the  Nth  root  process  is  better  able  to  deal  with 
fluctuating  noise  levels  even  if  the  noise  is  gaussian. 


4.  SIGNAL/NOISE  ENHANCEMENT 

In  figure  4(a)  it  was  shown  that  for  gaussian  noise  the  Nth  root  process  was 
marginally  worse  at  detecting  signals  than  linear  processing.  Here  it  is 
sought  to  evaluate  the  Nth  root  process  for  signal/noise  enhancement  in  the 
presence  of  noise  which  is  not  gaussian  but  which  has  the  same  properties  at 
each  sensor  output. 

To  accomplish  this,  six  signals  having  the  same  azimuth  but  different 
amplitudes  and  apparent  velocities  were  synthesized.  Three  representative 
channels  containing  these  signals  are  shown  in  the  first  three  traces  of  figure  5. 
To  these  signals  uniformly  distributed  noise  band  pass  filtered  in  the 
frequency  range  1/2  to  4 Hz  was  added  to  each  of  the  20  channels.  The  same 
three  channels  containing  both  signals  and  noise  are  shown  in  traces  4 to  6 of 
figure  5.  Traces  7 to  10  of  this  figure  show  the  processed  output  of  the 
array  phased  to  the  last  signal  for  N = 1,  2,  4,  8.  The  array  output  was 
obtained  by  phasing  and  summing  each  line  of  the  array  according  to  equations  (2) 
and  (3)  and  then  multiplying  and  integrating  the  two  line  sums  for  half  a second. 
For  N = 1 the  signal  is  still  hidden  in  the  background  noise  but  rises  out  of  it 
as  N increases.  Although  this  artificial  noise  is  not  gaussian,  its  character 
is  indistinguishable  from  filtered  seismic  noise.  As  such  it  illustrates  the 
potential  of  the  method  for  increasing  signal/noise  ratio  and  improving  the 
clarity  of  a signal.  This  figure  also  shows  that  the  Nth  root  process  is  not 
equivalent  to  raising  the  linear  output  to  the  Nth  power. 

5.  AZIMUTH  AND  APPARENT  VELOCITY  DETERMINATION 

The  suppression  of  both  noise  and  coherent  signals  having  different  velocities 
in  figure  5 suggests  that  the  Nth  root  process  may  also  have  an  application  in 
refining  the  determination  of  signal  directions.  To  test  this  hypothesis,  a 
section  of  an  event  coda  from  WRA  was  chosen  as  the  background  noise.  To  avoid 
ambiguity,  the  particular  event  chosen  was  a presumed  underground  nuclear 
explosion  from  Novaya  Zemlya  because  characteristically  explosions  have  simple 
source  functions  giving  rise  to  a coherent  signal  onset  lasting  only  two  or  three 
cycles.  To  this  event  coda  a synthetic  signal  was  added  and  the  apparent 
velocity  determined  by  locating  peaks  in  a two  second  correlator  output  placed 
over  the  signal  as  the  array  was  phased  to  different  velocities.  In  order  to 
improve  the  statistical  reliability,  this  experiment  was  repeated  a number  of 
times  with  both  the  synthetic  signal  and  the  correlation  window  moved  a further 
second  along  the  records.  The  results  are  plotted  in  figure  6 for  N = 1,  2,  4, 

8.  It  should  be  remarked  that  because  of  the  low  signal  level  there  were,  in 
some  cases,  other  maxima  in  the  correlation  output.  These  were  present  for 
each  value  of  N so  that  in  all  cases  the  maxima  nearest  the  correct  apparent 
velocity  was  chosen.  These  results  show  that,  without  exception,  the  apparent 
velocity  given  by  the  Nth  root  process  is  as  good  as,  or  better  than,  that  given 
by  the  linear  process  and  imply  that  the  Nth  root  process  will  give  more  refined 
determinations  of  secondary  phases  of  an  event.  If  the  phase  had  an  unknown 
azimuth  as  well  as  an  unknown  apparent  velocity  the  search  would  have  to  be 
carried  out  in  two  dimensions.  Computationally,  this  is  identical  to  a one 
dimensional  search,  so  that  statistically  the  results  will  also  be  identical. 
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6.  CONCLUSIONS 

A non-linear  method  of  processing  the  output  of  an  array  has  been  given. 

Except  for  amplitude  information,  the  Nth  root  process  is  never  more  than 
marginally  worse  than  linear  processing.  For  non-gaussian  noise.  Nth  root 
processing  can  give  significant  improvements  in  event  detection,  signal/noise 
enhancement  and  information  on  the  direction  and  apparent  velocity  of  the  signal. 

Although  the  results  presented  have  been  based  on  the  output  of  a seismic 
array  it  is  believed  that  similar  results  would  be  obtained  on  other  types  of 
arrays  or  on  single  sensors  where  the  desired  signal  is  repetitive. 
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Figure  3.  PROCESSED  OUTPUT  OF  EVENT  SHOWN  IN  FIGURE  2. 
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Figure  4 ( a 1 . PROBABILITY  OF  EVENT  DETECTION  USING  A DETECTION 
THRESHOLD  EOUAL  TO  THE  REFERENCE  THRESHOLD. 
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Figure  5.  DIAGRAM  ILLUSTRATING  Till-:  SIGNAL/NOISF.  IMPROVEMENT  OF  THE  NTH  ROOT 
PROCESS.  Traces  1 to  3 show  three  synthesised  sensor  outputs 
containing  six  phase  arrivals.  The  phase  velocities  are  given  in 
k i lometres/second . Traces  4 to  6 show  three  sensor  outputs  with 
filtered  noise  added.  Traces  7 to  10  show  the  array  output  phased 
to  the  74  km/s  signal  with  N = I,  2,  4,  and  8 respectively. 
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Figure  6.  RESULTS  OF  APPARENT  VELOCITY  DETERMINATION  OF  A SYNTHETI 
SIGNAL  PLACED  IN  THE  CODA  OF  AN  EVENT  USING  THE  NTH  ROOT 
PROCESS.  The  synthetic  signal  was  added  to  the  noise  w 
a slowness  (reciprocal  of  apparent  velocity)  of  10  s/deg 
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MEASUREMENT  OF  PHASE  VELOCITY  OF  MICROSEISMS, 
USING  A SMALL  EXPANDING  SEISMIC  ARRAY 

M.W.  Aston,  School  of  Earth  Sciences, 
Macquarie  University 


S U M M A P.  Y 

An  experiment  designed  to  measure  the  phase  velocity  dispersion  of  surface 
(Rayleigh)  waves  has  been  made  in  the  Sydney  Basin.  An  array  of  stations  large 
enough  to  adequately  resolve  Jong  wavelengths,  and  with  station  density  sufficient 
to  suppress  wavenumber  aliasing  is  not  logistically  feasible.  However,  the 
properties  of  such  an  array  may  be  partially  synthesized  using  a three  station 
array  whose  diameter  is  progressively  increased,  using  procedures  to  minimize  the 
number  of  station  relocations. 

Due  to  rapid  variation  in  the  apparent  direction  of  wave  propagation,  a 
digital  processing  technique  to  scan  large  amounts  of  data,  for  segments  showing 
maximum  coherency,  was  used.  By  assuming  plane  wave  propagation,  meaningful 
velocity  estimates  were  possible  for  waves  of  5 to  0.15  Hz.  Some  evidence 
exists  for  the  presence  of  two  modes  of  surface  waves,  but  further  interpretation 
is  not  possible. 

Theoretical  studies  of  the  response  of  three,  four  and  five  station  arrays,  to 
plane  waves  from  multiple  sources,  suggests  that  phase  velocities  from  such 
sources  may  be  successfully  measured  using  an  expanding  array  of  five  stations 
cr  more.  Such  measurements,  however,  are  subject  to  bias  of  up  to  30%,  due  to 
properties  of  the  array  beam  response. 

Further  observations,  using  additional  seismic  stations,  are  required  before 
geological  information  can  be  inferred  from  the  velocity  dispersion  data; 
procedures  to  use  p to  seven  stations,  without  sacrificing  field  mobility,  are 
the  basis  of  continuing  study. 
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1.  INTRODUCTION 

Microseisms  are  ambient  ground  oscillations  occurring  within  the  general 
frequency  range  0.01  Hz  to  30  Hz.  The  band  0.1  to  10  Hz  is  of  interest  to  the 
exploration  geophysicist  in  that  at  least  part  of  the  microseismic  noise 
propagates  as  a wavemotion,  the  mode,  direction  and  velocity  of  which  may  be 
established  by  observations  with  a suitably  designed  array  of  seismometers. 

The  wavemotion  propagation  parameters  carry  information  characteristic  of  the 
elastic  parameters  of  the  earth's  crust,  to  depths  of  the  order  of  20  km. 

Changes  in  deduced  elastic  parameters  arc  relatable  to  rock  types  and  thus  may  be 
used  to  infer  depth  and  extent  of  sedimentary  basins.  It  is  the  purpose  of  this  ■ 
study  to  consider  what  type  of  array  and  data  processing  may  be  required  for  micro- 
seismic  studies  of  value  to  an  exploration  geophysicist. 

2.  MICROSEISM  CHARACTERISTICS 

i-oj  this  study , three  source-t ypes  of  ground  oscillation  (other  than  that 
generated  by  earthquakes)  are  considered: 

(1)  Artificially  generated  oscillation,  e.g.,by  road  and  rail  traffic,  or  by 
industrial  machinery. 

(2)  Naturally  generated  local,  or  non -propagat ing  oscillations,  e.g.,by 
wind  pressure  on  vegetation  and  topography,  or  pressure  variations 
induced  by  non -hor i zontal  movement  of  air  masses. 

(3)  Naturally  generated  propagating  wavemotion  originating  at  distant 
sources,  such  as  at  coast-lines  by  wave  action,  or  by  atmospheric 
cyclonic  disturbances  over  continent  or  ocean. 

The  most  useful  propagation  modes  for  this  study  are  Rayleigh  waves,  which 
propagate  along  the  earth-air  interface  with  elliptical  particle  motion  and  an 
amplitude  decaying  witli  depth.  In  a layered  earth  where  elastic  parameters  vary 
with  depth,  dispersion  of  phase  and  group  velocities,  with  respect  to  frequency, 
is  characteristic. 

Depths  of  interest  in  studies  of  sedimentary  basins  range  from  0.1  to  20  km 
which,  assuming  typical  fundamental  Rayleigh  wave  velocities  in  the  range  1 to 
3 km/s,  correspond  to  a frequency  band  10  Hz  to  0.15  Hz.  From  previous  studies 
of  microseisms,  it  is  possible  to  identify  which  of  the  three  signal  categories 
are  of  most  relevance. 

The  contribution  of  category  (1)  signals  is  difficult  to  estimate  prior  to  a 
survey.  Observations  by  Sanford  et  a_l  (1968)  and  Aki  (1957)  show  the  signals  to 
have  frequencies  in  the  range  1 to  30  Hz  and  to  propagate  in  Rayleigh  or  Love 
modes.  Such  signals  are  potentially  useful  in  determining  elastic  parameters  of 
the  upper  kilometre  of  rock  strata  but  the  direction  and  intensity  of  sources  is 
highly  non-stationary  and  must  complicate  observation  techniques.  In  addition, 
sources  may  be  local,  thus  making  the  theory  of  array  response  to  a plane  wave 
inappl icable. 

Category  (2)  ground  oscillation  is  regarded  as  noise,  and  can  be  reduced  by 
choice  of  seismometer  sites  in  areas  of  minimal  vegetation.  Oscillation  due  to 
loading  effects  of  air  currents  on  the  earth's  surface,  as  distinct  from  vegetation, 
has  been  found  by  Ziolkowski  (1974)  to  lie  chiefly  in  the  frequency  band  0.05  to 
0.01  Hz,  which  is  beyond  the  band  of  interest  in  this  study. 

The  third  category  of  microseismic  signals  is  likely  to  prove  easiest  to 
observe. 

Using  the  Montana  Large  Aperture  Seismic  Array,  Toksoz  and  Lacoss  (1968), 

Capon  (1969)  and  Lacoss  et  aj.  (1969)  found  predominantly  compressional  wave 
propagation  at  0.5  Hz,  higher-mode  Rayleigh  wave  propagation  from  0.3  to  0.2  Hz, 
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and  fundamental  mode  Rayleigh  wave  propagation  at  lower  frequencies.  In  an 
earlier  survey,  using  seven  seismometers  in  an  l.-shaped  array  of  arm  length  1.5 
km,  Toksoz  (1964)  measured  phase  velocities  corresponding  to  fundamental  mode 
Rayleigh  waves  for  the  frequency  range  0.5  to  0.16  Hz.  In  the  same  paper, 
results  are  quoted  from  Archambeau  et  a_l  (1963) , who  observed  strong  higher  mode 
Rayleigh  waves  at  frequencies  above  1 Hz. 

An  additional  difficulty  in  phase  velocity  measurements  is  multidirectional 
propagation,  with  the  dominant  direction  changing  by  up  to  90°  in  minutes. 

In  summary,  Rayleigh  waves  are  likely  to  exist  over  at  least  part  of  the 
frequency  band  of  interest  but  their  detection  requires  an  array,  and  signal 
processing  system  capable  of  separating  mixed  Rayleigh  mode,  and  compressional 
wave,  and  propagation  from  multiple,  nonstationary  sources. 


3.  ARRAY  DESIGN 

The  range  of  wavelengths  of  interest,  from  0.1  to  20  km,  requires  17  stations 
for  the  sparsest  possible  array  (figure  1)  which  fulfills  the  two  chief  require- 
ments of  ( i ) avoiding  wavenumber  aliasing  at  high  frequencies,  and  (ii)  having  an 
aperture  greater  than  the  longest  wavelength  of  interest.  At  this  experimental 
stage,  an  array  of  such  size  is  not  logistically  viable  as  an  exploration  tool, 
particularly  if  three  component  seismometers  are  desired.  Procedures  for  using 
a three,  four,  five  or  seven  station  array,  and  progressively  expanding  it  with  a 
minimum  of  station  relocations,  have  been  developed. 

A three-station  array  of  seismometers  1,  2 and  3 is  constructed  at  stations  1, 

2 and  3 of  figure  2 and  called  "Array  1".  After  recording  suitable  data, 
seismometer  1 is  moved  to  station  4,  to  form  "Array  2",  and  recording  is  continued. 
Seismometer  2 is  then  moved  to  station  5 and  so  on.  The  seismometers  are  thus 
moved  out  progressively  along  the  arrowed  paths,  always  maintaining  the  right- 
angle  triangle  array  geometry.  A four-seismometer  array  may  be  designed 
similarly,  by  having  a fourth  seismometer  permanently  installed  at  station  0. 

For  a five  seismometer  array,  (figure  3),  seismometers  0 to  4 are  initially 
installed  at  stations  0 to  4.  After  recording,  seismometers  1 and  2 move  to 
stations  5 and  6 to  form  "Array  2",  thus  expanding  the  array  with  only  two 
seismometer  relocations.  As  with  the  three  seismometer  array,  the  geometry  is 
preserved,  and  step  by  step  expansion  can  be  repeated  until  the  desired  range  of 
array  sizes  has  been  covered. 

The  station  configuration  of  figure  3 may  also  be  used  for  an  expanding  seven 
or  nine  seismometer  array. 


4.  ARRAY  RESOLVING  POWER 

Properties  of  the  "expanding  array"  have  been  examined,  using  synthetic  data. 
A wave  source  is  considered  to  be  at  infinite  distance,  and  waves  are  given 
constant  amplitude  across  the  array.  For  multiple  sources,  the  amplitude  at 
each  of  N stations,  is  computed  from  a linear  sum  of  the  influence  of  M sources; 


M 

An  = ^ Zj  exP  !i27r(ft  + * rn)j 

j=l 

A = complex  amplitude  at  station  n 


where 


"1 
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i.e.  , 


r = displacement  of  station  n from  arrav  origin 
-n  1 


radian  wavenumber,  amplitude  of  plane  waves 
of  frequency  f,  from  the  jth  source 


k.  = -v/f,  where  v_  = phase  velocity 


From  the  set  A , (n  = 1,  N),  a coherency  matrix  is  computed,  which  is  subjected 

to  a conventional  two-dimensional  wavenumber  transform  on  a 41  by  41  point  grid. 

A plane  wave  is  thus  represented  as  a vector  in  wavenumber  space,  oriented  towards 
the  source,  as  described  by  Capon  (.1969). 

lhe  reasoning  behind  the  expanding  array  procedure  is  illustrated,  for  the  case 
of  a single,  stationary  source,  in  figures  4 to  7.  Since  lobe  size  of  the  array 
beam  pattern  is  inversely  proportional  to  array  size,  only  an  approximate  vector 
wavenumber  estimation  is  possible  from  data  acquired  by  smaller  arrays.  However, 
this  estimate  enables  more  precise  estimation  of  wavenumber  with  larger  arrays, 
despite  the  presence  of  spurious  peaks  on  the  wavenumber  plot,  due  to  wavenumber 
aliasing.  The  procedure  should  remain  viable  if  the  azimuth  varies  over  less 
than  a quadrant. 

When  multiple  sources  are  considered,  the  limitations  of  the  small  array  are 
more  apparent.  lhe  Rayleigh  criterion  for  resolution  of  two  sources  separated 
by  an  azimuth  of  120°  is  satisfied  (figure  8)  by  the  five  station  "Array  3" 
configuration.  However,  when  the  two  sources  are  closer  together  on  the  wave- 
number  map  (figure  9),  resolution  is  only  possible  if  a correspondingly  larger 
array  is  used,  which  then  may  bring  confusion  in  the  form  of  wavenumber  aliasing 
(figure  10) . 

A serious  difficulty  evident  with  wavenumber  plots,  when  multiple  sources  are 
not  resolvable,  is  illustrated  in  figures  11  to  13.  In  all  cases  tested  to  date 
two  or  more  unresolved,  or  partially  resolved,  peaks  on  a wavenumber  plot  separated 
in  azimuth  by  90°  or  less,  appear  as  a single  y.eak  biased  towards  a mean  wave- 
number.  Thus  multidirectional  plane  waves  with  the  same  velocity  modulus  appear 
on  the  wavenumber  plot  as  a single  diffuse  peak,  biased  towards  a shorter  wave- 
number.  i.e.,  a higher  velocity.  If  sources  are  separated  in  azimuth  by  more 
than  90°,  a bias  towards  higher  or  lower  velocities  is  possible,  depending  on 
azimuths  relative  to  the  array  geometry  (compare  figures  13  and  14).  Typical 
bias  errors  in  wavenumber  estimations  of  sources  incompletely  resolved  by  the 
five  station  array  are  of  the  order  10%  to  15%,  with  a maximum  bias  observed,  in 
these  studies,  of  30%. 

A four  station  expanding  array  may  be  constructed  using  the  configuration  of 
figure  2,  with  addition  of  a fixed  station  at  the  array  origin.  The  reduced 
spatial  sampling  of  this  array,  compared  with  a 5 station  array,  results  in 
larger  biasing  errors  of  wavenumber  estimates  of  inadequately  resolved  multiple 
sources.  The  increased  tendency  to  wavenumber  aliasing  also  reduces  reliability 
of  wavenumber  estimates,  because  the  direction  of  biasing  is  more  difficult  to 
predict  when  sources  have  wavenumber  differences  comparable  with  separation  of 
side- lobes  of  the  array  beam  pattern.  Figures  15  and  16  provide  an  illustration; 
the  array  response  to  a single  source  only  (figure  IS)  has  a side-lobe  peak  near 
the  wavenumber  of  the  second  source  in  figure  16,  with  a resultant  array  response 
showing  the  two  peaks  biased  to  wavenumber  moduli  20%  low  and  35%  high, 
respectively. 

The  usefulness  of  the  simple  three  station  array  is  limited  to  situations 
where  a single  source  only  is  dominant,  because  no  redundancy  of  spatial  informa- 
tion exists  to  give  any  indication  when  multiple  sources  exist.  The  side-lobe 
structure  of  the  response  of  such  an  array  makes  identification  of  the  main  lobe 
an  exceedingly  hazardous  task,  unless  the  source  direction  is  known  (figure  17). 

Limitations  of  the  arrays  when  waves  propagate  from  a near  source  have  been 
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considered  only  super! icially.  To  a first  approximation,  waves  of  velocity  v 
from  a point  source  distant  R from  an  array  of  radius  r,  appear  to  the  array,  when 
plane  wave  theory  is  used,  to  emanate  at  velocity 

v'  = v/cos0,  0 = arctan(r/R) , 

from  a diffuse  direction.  Velocity  estimates  of  waves  from  a source  at  distance 
3r  are  therefore  expected  to  be  biased  5%  high. 

Summarizing  the  theoretical  limitations  of  the  arrays  considered,  the  five 
station  expanding  array  appears  capable  of  resolving  multiple  sources  with 
significant,  but  partially  predictable,  bias  of  wavenumber  estimates  of  incompletely 
resolved  sources.  The  four  station  array  can  resolve  multiple  sources  but  may 
give  heavily  biased  wavenumber  estimates.  The  three  station  array  is  of  little 
value  unless  the  wave  source  is  single  and  of  known  azimuth. 


5.  PROCESSING  OF  FIELD  DATA 

A trial  survey  designed  to  test  instruments  and  field  procedure  has  been 
conducted  in  the  Sydney  Basin,  70  km  WSW  of  Sydney.  Three  stations  only  were 
used,  in  array  configurations  1 to  9 of  figure  2.  Signals  from  buried,  0.7  Hz 
vertical  hillmore  seismometers  were  amplified  90  or  96  db,  with  pass  band  0.1  - 
10  Hz,  at  each  site  and  carried  in  analogue  form  on  twin-flex  to  a truck-mounted 
Interdata  70  minicomputer  at  station  7.  The  need  for  cable  links  to  each  station 
limited  maximum  array  size  to  a 2 km  diameter,  or  a tenth  of  the  desirable 
maximum.  At  the  computer,  data  was  again  filtered  with  a low  pass  of  10  Hz  or 
2 Hz,  to  attenuate  noise  pick-up  in  the  cables.  After  analog  to  digital 
conversion  of  each  of  the  three  signals,  data  was  multiplexed  and  stored  on 
magnetic  tape  in  files  of  2048  points  per  channel,  sampled  at  10,  20,  50  or  100 
ms  intervals. 

Data  from  i ch  channel  was  detrended,  reduced  to  zero  mean,  transformed  to  the 
frequency  domain  without  prewhitening,  and  corrected  for  seismometer  and  filter 
transfer  response.  Coherencies  were  then  computed  between  each  pair  of  stations, 
using  smoothing  over  a square  window,  spaced  at  intervals  of  0.1  decade  in 
frequency,  and  with  mutual  overlap  of  0.75.  The  frequency  range  thus  covered 
was  from  I0fj  to  0.4f^,  where  f ^ , f are  fundamental  and  Nvquist  frequencies, 

respectively.  Coherencies  ranged  between  0.8  and  1.0  for  frequencies  below 
0.5  Hz,  but  dropped  rapidly  at  high  frequencies.  This  feature  is  partially 
attributable  to  the  likelihood  of  non-propagating  seismic  noise  levels,  or 
variations  in  source  strength  and  direction,  to  occur  over  the  duration  (20  to 
200  s)  of  a single  record. 

The  need  to  locate  data  lengths  containing  high  coherency  signals  attributable 
to  a single  source,  led  to  development  of  an  alternative  processing  procedure. 

Data  from  each  file  was  split  into  31  overlapping  segments  of  128  points  each, 
with  each  segment  being  processed  to  obtain  coherencies  as  described  previously. 

The  files  were  then  split  into  15  segments  of  256  points,  7 segments  of  512  points, 
and  3 segments  of  1,024  points  with  coherencies  again  being  computed  for  each  segment 
' considered.  For  each  of  the  tenthdecade  frequency  bands,  the  best  10 
coherency  sets  obtained  weie  saved  and  the  remainder  discarded.  By  repeating 
the  entire  process  for  all  data  files  acquired  with  the  same  array,  it  became 
possible  to  locate  segments  of  data  with  coherency  sets  averaging  0.9,  0.8  and 
0.7,  in  frequency  ranges  I to  2 Hz,  2 to  3 Hz  and  3 to  5 Hz,  respectively. 

Having  obtained  the  highest  possible  coherencies  from  segments  of  data,  the 
coherency  phases  were  used  to  compute  direction  and  velocity  of  the  plane  wave 
a sumed  responsible  for  Ahe  phase  relations.  Thus  for  each  of  the  eight  array 
configurations,  up  to  ten  velocity  estimates  at  each  tenth-decade  frequency  were 
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possible,  making  a maximum  of  80  velocity  estimates  at  each  frequency.  The 
number  of  estimates  is  progressively  lower  for  frequencies  above  1 Hz,  due  to  the 
difficulty  of  estimating  velocities  in  the  presence  of  wavenumber  aliasing  with 
the  larger  arrays.  At  low  frequencies  below  0.3  Hz,  the  number  is  also  reduced 
since  spectral  estimates  required  use  of  the  full  data  length  of  each  file.  The 
number  of  estimates  at  these  low  frequencies  was  augmented  by  processing  data  of 
lengths  up  to  200  s,  acquired  with  the  largest  three  arrays. 

Vector  velocity  estimates  at  each  frequency  were  plotted  in  polar  coordinates 
to  obtain  graphs  of  the  form  of  figure  18.  At  each  frequency,  estimates  of 
apparent  source  direction  from  arrays  1 and  2 cluster  towards  the  north  of  NNE, 
and  cluster  progressively  further  towards  south-east  for  the  larger  arrays. 

This  change  in  azimuth  of  approach  of  microseisms  is  observable  between  28/11/74 
and  1/12/74  on  the  Riverview  seismic  observatory  three -component  records,  and  is 
therefore  representative  of  a real  movement  of  a principal  microseismic  source. 

The  remaining  scatter  of  velocity  and  azimuth  estimates  is  a function  of 
statistical  uncertainty  of  coherency  phase  estimates,  and  theoretical  limitations 
of  the  three  station  array  already  discussed. 

Clustering  of  velocity  moduli  at  each  frequency  is  illustrated  by  plotting 
histograms  of  number  of  estimates  vs  apparent  phase  velocity  (figure  19).  The 
set  of  histograms  show  four  features: 

(i)  Frequencies  1.5  to  2 Hz  show  a maximum  number  of  velocity  estimates  to 

be  above  7 km/s.  These  could  correspond  to  a predominantly  compressional 
mode  of  wave  propagation,  or  could  be  the  result  of  extreme  biasing  due 
to  multiple  sources  of  comparable  strength. 

(ii)  Frequencies  below  0.25  Hz  show  decreasing  velocity,  the  most  likely 
explanation  of  which  is  dominance  of  nonpropagating  seismic  noise  due 
to  atmospheric  loading  effects. 

(iii)  Apart  from  features  (i)  and  (ii)  , there  appears  to  be  a frequency 
dispersion  of  apparent  velocity  estimates. 

(iv)  A bifurcation  of  histogram  peaks  occurs  at  frequencies  above  2 Hz. 

Wvth  (iii)  above,  this  is  consistent  with  two  or  more  modes  of 
Rayleigh  wave  propagation. 


6.  CONCLUSIONS 

The  quality  of  results  to  date,  summarised  in  figure  19,  does  not  warrant 
further  interpretation,  but  in  view  of  the  partial  successes,  despite  the 
theoretical  limitations  of  the  three  station  array,  and  the  limitation  on  array 
sizes  used,  further  observations  are  planned.  To  obtain  arrays  of  diameter  up 

to  10  km,  costly  telemetry  links  are  required.  This  makes  five  seismometers 

the  maximum  logistically  possible  in  the  foreseeable  future,  although  cable 
linkage  to  additional  seismometers  is  possible  with  small  arrays.  Use  of  three- 
component  seismometers  is  indicated,  to  enable  particle  motion  studies  to  be  used 
in  identification  of  wave  propagation  modes. 

Conventional  frequency  wavenumber  analysis  for  such  an  array  gives  biased 
wavenumber  estimates  in  the  presence  of  multiple  sources.  Interference  due  to 
such  multiple  sources  can  be  reduced  by  selecting  short  data  lengths,  but  at  the 
cost  of  greater  statistical  uncertainty  of  phase  relations  across  the  array,  and 
therefore  ol  vector  velocity  estimates.  A study  of  effects  of  wavenumber  window 
heights,  particularly  those  for  high  resolution  wavenumber  analysis  (Capon,  1969) 
is  required,  to  enable  maximum  return  of  unbiased  wavenumber  estimates  from  the 
very  limited  spatial  sampling  of  data  planned. 
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FIGURE  1 . SPARSEST  POSSIBLE  ARRAY  FOR  FIGURE  2.  A .^-SEISMOMETER  EXPANDING  ARRAY 

OBSERVING  WAVEL.ENGTFIS  0.1-20  km  (Stations  (Stations  1 , 2.  3 form  array  1 ; stations  2,  3.  4 array  2: 

13,  14  are  8 km  from  origin,  and  stations  15,  16,  stations  3,  4,  5 array  3;  etc. ) 

are  1 6 km  from  origin) 


FIGURE  L A 5 -SEISMOMETER  EXPANDING  ARRAY 
(Stations  0,  1 , 2,  3.  4 form  array  I , 0,  3,  4,  5 6 form  array  2; 
0,  5.  6,  7,  H form  array  3.  etc.) 


FIGURE  8 


FIGURE  9 


FIGURES  8-9.  W AVENUMBER  RESOLUTION  OF  1 H/.  2 km/s. 
W AVE  FROM  2 SOURCES,  USING  ARRAY  3 
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Only  the  polarity  of  each  sample  is  retained,  and  transmitted  over  a shoTt 
telemetry  link  to  decouple  SCAR  and  ORB  electrical  grounds.  Each  pair  of 
polarity  bits  is  essentially  a phase-quadrant  descriptor.  The  total  record  for 
each  0.5  ms  transmission  is  approximately  0.5  s,  2048  complex  samples  from  each 
hydrophone . 

Beamforming  is  accomplished  by  adding  together  the  hydrophone  outputs  at  the 
time  delays  and  phase  changes  appropriate  for  the  particular  angular  beam  and 
range.  The  formulas  foT  the  time  delays  were  developed  to  allow  rapid 
calculation  using  a micro  programmed  Microdata  3200  in  conjunction  with  the 
main  PDP  11  minicomputer. 

Consider  the  transmitter  as  the  origin  of  a coordinate  system  and  distances 
to  be  given  in  sound-seconds.  A "beam"  corresponds  to  a direction  given  by  a 
unit  vector,  vT,  and  each  hydrophone  is  specified  by  a position  vector,  p.  For 
each  beam  and  hydrophone  two  constants  are  stored  in  memory  (32768  pairs) : 

a = p . u,  (1) 

b = I pi  2 - a2  . (2) 

In  a moment  it  will  become  clear  that  it  is  convenient  to  define  a function 

y(x;  a,b)  = \/(x  - a)2  + b - (x  - a).  (3) 

The  first  focusing  law  is  based  on  a point  reflector  at  position  ru.  The 
total  distance  from  the  transmitter  to  the  reflector  and  back  to  the  hydrophone  is 


r + I p - rul  , 


where 


r + 1 p - rul 

= 2r  - a + y(r;  a,b) . 

(4) 

The  second  focusing  law  is  based  on  a reflector  at  position 
distance  from  the  transmitter  to  the  reflector  and  back  to  the 

ru.  The  total 

hydrophone  is 

1 p - 2rul  = 

2r  - a + y (2r;  a,b) . 

(5) 

Equations  (4)  and  (5)  are  of  the 
term  2r  is  the  distance  (time)  from 

same  style,  and  are  easily  implemented, 
array  centre  to  the  reflector  and  back. 

The 

The 

term  a is  the  correction  that  would  be  used  if  the  reflector  were  so  far  away 
that  the  reflection  could  be  considered  a plane  wave  at  the  array.  The  terms 
y(r)  and  y(2r)  are  the  spherical  wave  near-field  corrections.  This  style  of 
equation  is  nice  to  implement  because  the  2r  term  is  the  same  for  all  phones, 
the  a term  is  fixed  parameter  for  each  phone  but  range  independent,  and  the 
near-field  correction  function  is  delegated  to  the  microprocessor. 

The  beamforming  proceeds  with  focusing  law  being  the  slowest  change,  beam 
direction  next,  and  range  change  the  innermost.  At  each  step  the  application 
of  equations  (4)  or  (5)  defines  a time  for  each  hydrophone.  The  complex  sample 
closest  to  this  is  fetched  from  memory,  and  the  difference  between  calculated 
time  and  actual  sample  time  used  as  a phase  correction  to  the  closest  quadrant. 
The  real  and  imaginary  bits  from  all  hydrophones  are  summed  in  hardware  counters. 
The  magnitude  of  the  resultant  complex  number  is  encoded  into  a 4 bit  intensity 
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value  and  stored  on  magnetic  disc  for  display.  There  is  a total  of  524,288 
intensities  for  each  transmitted  pulse  (2  laws  x 256  beams  x 1024  range  steps). 


3.  CONCLUSION 

This  array  represents  a unique  application  of  acoustic  sampling  to  observe 
oceanographic  processes.  It  has  the  capability  to  sample  length  and  time  scales, 
which  cannot  be  sampled  by  the  more  conventional  direct  sensing  instrumentation 
presently  used  by  oceanographers.  The  goals  of  the  experiment  are:  to  observe 
the  horizontal  extent  and  temporal  behavior  of  water  density  features;  to 
observe  internal  wave  fields  and  their  interaction  with  the  water  density  field; 
to  describe  the  distribution  of  large  (acoustically)  biological  point  scatterers; 
and  finally,  to  understand  how  sound  is  scattered  by  water  density  features. 
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Figure  2 


Figure  2.  Fully  assembled  array 
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Figure  3 


Figure  3.  View  of  bottom  of  barge 
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Figures  11,  12,  13  5 14 


FIGURE  11 


FIGURE  12 


FIGURE  1 3 


FIGURE  1 4.  TWO  1 Hz,  2 km/s,  WAVES.  WITH 
AZIMUTH  SEPARATION  180°,  INTERFERE  TO  GIVE 
WAVENUMBER  ESTIMATES  BIASED  HIGHER  THAN 
THE  TRUE  VALUES  (ARROWED) 


FIGURES  11-13.  A 1 Hz,  2 km/s  WAVE.  WITH  SOURCE  AZIMUTH  60°,  IS  INTERFERED  WITH  BY  A 
SECONDARY  SOURCE  OF  RELATIVE  AMPLITUDE  0.5, 0.7,  1 .0,  RESPECTIVELY  (The  contour  maximum 
shows  biased  wavenumber  estimates,  due  to  incomplete  resolution  of  the  2 sources.  Contours  are  in  dB  relative 
to  maximum) 
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Figures  18  5 19 
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FIGURE  18.  VELOCITY-AZIMUTH  PLOT  FOR  ESTIMATES  AT  0.49  Hz,  WITH 
3-SEISMOMETER  ARRAYS  1-9 


FIGURE  19.  HISTOGRAMS  OF  NUMBER  OF  ESTIMATES  VS  VELOCITY,  USING  8 VELOCITY 
INTERVALS  ON  LOG  SC  ALE  (Each  histogram  refers  to  estimates  in  one  frequency  window.  Bar  width 
is  approximately  proportional  to  no.  of  estimates.  Maximum  no.  in  each  histogram  is  80.) 


r 
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SOME  QUADRATIC  PROCESSORS  FOR  ESTIMATING  DIRECTIONALITY 
H.A.  d'Assumpcao,  Weapons  Research  Establishment,  Salisbury 


SUMMARY 

Several  new  quadratic  processors  are  derived  for  estimating  the 
directionality  of  signals  received  by  an  array.  Solutions  are  given  in  closed 
form  for  Maximum  Likelihood,  Least-squares,  Minimum  Bias  and  Diagonal  Fit 
Quadratic  Estimators,  as  are  expressions  for  the  variance  of  the  estimates. 

The  practical  advantages  and  disadvantages  of  the  different  techniques  are 
discussed. 
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1 . INTRODUCTION 


The  directional  properties  of  signals  can  he  measured  using  a suitable  array 
of  receivers.  We  present  here  a summary  of  results  for  several  new  processors. 
Some  of  the  detailed  derivations  have  already  been  reportedfref . 1 ) ; it  is 
intended  to  publish  full  details  of  this  work  separately. 

The  main  assumptions  made  are  that  signals  are  noise-like  in  character  with 
zero  mean  and  arrive  at  the  array  of  K receivers  as  N independent  plane  wave- 
fronts  from  known  directions.  We  confine  our  attention  to  cases  in  which  the 
number  of  signal  sources  N > K. 

The  analysis  will  be  done  in  the  frequency  domain.  For  many  practical 
applications,  the  spectral  components  at  different  frequencies  are,  to  all 
intents  and  purposes,  independent.  We  assume  this  to  be  the  case  here.  This 
enables  the  analysis  to  be  carried  out  at  a single  frequency,  with  the  extension 
to  all  frequencies  then  being  trivial. 


frequency,  j = 1,  ...,  K.  Similarly,  let  y^  be  the  spectral  component  of  the 


signal  received  at  some  arbitrary  reference  point  from  the  k-th  source, 
k = 1,  . . . , N. 

Write 


T 

y = lyi ,yi  , ...yNl, 

xT  - |x,  ,x2,...xJ, 


T h _ *T 

where  . denotes  the  transpose,  and  . = . the  complex  conjugate  transpose  of 

a matrix  or  vector. 

As  the  signals  arrive  as  plane  wavefronts,  x and  y are  linearly  related,  and 
we  have 


x = V y. 


(1) 


where  V = !”  v . , J 

jk 


[exp(i<^k)} , 


and 


phase  of  the  signal  (at  a given  frequency)  received  from  the  k-th 
source  by  the  j-th  receiver,  measured  relative  to  some  arbitrary 
reference  point. 


V is  (K  x N)  and  is  assumed  to  be  known.  In  practice,  it  will  generally  be 
of  full  rank.  If  not,  it  implies  the  array  has  been  badly  designed,  for  if 

rank  (V)  = L < K,  then  only  I,  entries  in  x are  independent,  and  the  remaining 

(K  - L)  entries  can  be  deduced  without  measurement. 

The  covariance  matrix  of  the  receiver  outputs  is 


M = <x  xH>  = V<y  yH>  y”  = Y § VH,  (2) 

where  denotes  an  ensemble  average, 

H A 

and  we  have  written  <Cy  y ">  = S. 

S is  the  covariance  matrix  of  the  plane-wave  arrivals.  By  assumption, 
these  are  independent,  so  that  S is  diagonal.  The  diagonal  elements  of  S, 
{s^i,  which  we  wish  to  estimate,  correspond  to  the  powers  of  the  signals 

arriving  from  each  of  the  N directions. 
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2.  MATRIX  NOTATION 

We  shall  adopt  the  convention  of  writing  ( . ) for  the  (m,n)th  element  of 

mn 

the  matrix  in  parentheses.  For  example. 


3.  QUADRATIC  ESTIMATORS 

The  estimators  examined  in  this  paper  are  all  quadratic,  i.e.,  they  take  the 
form 

sn  = xH  A(n)  x = Tr(A(n)xxH),  1 < n < N,  (S) 

where  A^  is  some  K x K matrix,  and  *>  denotes  an  estimated  value. 

The  estimator  is  said  to  be  unbiased  if  the  expected  value  of  each  of  the  N 
estimates  equals  the  true  value;  i.e.,  if 

<fSn)  = sn  V isJ>  0 < sn  < °°>  n = 1,...,N.  (6) 

It  can  be  shown  that  a necessary  and  sufficient  condition  for  a quadratic 
estimator  to  be  unbiased  is  that 


(V11  A(n-  V)  = 8 . 

- mm  nm 


(7) 


It  can  also  be  shown  that,  for  N > K and  under  general  conditions  occurring 
in  practice,  no  unbiased  quadratic  estimator  exists  which  only  gives  non- 
negative estimates.  Only  for  N = K can  we  find,  for  each  s^,  a quadratic 

estimator  which  is  unbiased  and  yields  non-negative  estimates. 


4.  CONVENTIONAL  BEAMFORMF.R 

The  conventional  beamformer,  variously  called  the  "time  delay  and  sum"  or 
"unweighted  add-squarer" , is  a quadratic  estimator  which  is  in  general  biased. 
Mathematically,  we  compute 


A 

s 

n 


, 1 < n < N. 


(8) 
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The  ensemble  average  of  the  estimate  is 


<*„>  ■ <yh  y? 


and  is  unbiased  if  and  only  if 


VH  - V"' , 


a condition  that  rarely  obtains  in  practice. 

In  the  notation  of  equation  (5),  for  this  estimator 


A(n1  = [v.  v.  *], 

in  jn 


5.  MAXIMUM  LIKELIHOOD  ESTIMATOR 
5.1  Maximum  likelihood  equation 

We  assume  here  that  the  (complex)  signal  arrivals  have  normal  distributions. 
Their  joint  probability  density  function  is  then 

p(x)  = ~~ ?r  — exp(-xH  M"'  x) . (11) 

I Ml 

(The  additional  assumptions  have  been  made  that  V is  of  full  rank  and 

LI 

that  s > 0 v n,  so  that  M = V S V is  non-singular), 
n - - - 

To  derive  the  maximum  likelihood  estimator,  we  take  the  logarithm  of 
p(x) , differentiate  with  respect  to  each  s^  and  set  to  zero.  After  some 

manipulation,  the  set  of  equations  to  be  solved  may  be  written 


(VH  M~'  x x"  M'1  V) 


(VH  M'1  V)  V n. 
- - ~nn 


The  writer  has  not  succeeded  in  solving  equation  (12)  for  N > K. 

Confining  ourselves  to  the  case  N = K,  we  readily  obtain 

*n  = CY“  5 y V ^ 

This  is  a quadratic  estimator,  which  may  be  re-arranged  to  the  form  given 
in  equation  (5).  It  is  evident  from  equation  (13)  that  s^  > 0. 

It  is  not  difficult  to  show  that  = S;  i.e.,  the  estimator  is  unbiased. 
The  variance  of  the  estimates  is  given  by 


07>-<S>  - ■. 


2 


(14) 
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It  is  interesting  to  compare  this  result  with  the  theoretical  Cramer-Rao 
lower  bound  on  variance(ref . 2) . It  can  be  shown  that,  in  this  case,  the 
actual  variance  achieves  the  Cramer-Rao  bound,  and  the  estimator  is  said  to 
be  "efficient". 

The  fact  that  the  standard  deviation  of  the  estimate  equals  the  mean 
demonstrates  the  intuitively  obvious  point  that  in  practice  a single 
observation  period  would  be  inadequate,  and  that  the  variance  needs  to  be 
reduced  by  averaging  the  estimate  over  a number  of  observation  periods. 

This  general  result  is  true  of  all  the  estimators  examined  in  this  paper. 

5.2  Effect  of  noise 


So  far  we  have  been  considering  an  ideal  system.  In  practice,  there  will 
be  noise  present.  This  could,  for  example,  be  amplifier  self-noise,  or  an 
external  signal  arriving  other  than  as  a plane  wave-front  from  one  of  the 
assumed  directions.  We  shall  assume  that  this  noise  has  a normal  distribution 
with  zero  mean,  and  is  uncorrelated  with  the  other  signals.  Let  its 
covariance  matrix  be  N.  With  such  extraneous  noise  present,  x =£  Vy  in 
general . 

If  the  estimator  has  been  designed  without  taking  account  of  the  noise, 
the  expected  value  of  the  estimates  will  be 

<6„>-  s„*  Of'  ?y"'"v  " ■ >-2 K-  'l5> 


Since  N is  a covariance  matrix,  it  is  non-negative  definite,  so  that  the 
estimates  are  biased  positively.  At  the  higher  frequencies,  V is  usually 
wel 1 -conditioned , and  the  effect  of  the  noise  will  be  minimal.  However,  as 
the  frequency  is  reduced,  the  elements  of  V”1  increase  in  absolute  magnitude, 
until  ultimately  at  zero  frequency  V becomes  singular.  Hence  at  the  lower 
frequencies  the  effect  of  the  noise  becomes  magnified  greatly.  This 
demonstrates  the  well-known  fact  that  with  any  high-resolution  array  processor 
operating  at  low  frequencies  the  uncorrelated  noise  (such  as  amplifier 
self-noise)  must  be  kept  to  a minimum. 

If  the  covariance  matrix  N of  the  noise  is  known,  steps  can  be  taken  to 
reduce  its  effect.  The  writer  has  not  succeeded  in  solving  the  maximum 
likelihood  equation  with  noise.  However,  from  equation  (15)  it  can  be  seen 
that  the  effect  of  the  noise  is  to  bias  the  estimates.  This  bias  can  be 
subtracted,  to  give  the  unbiased  estimator: 


A 

S 

n 


(V"' 


H 


x x 


V N V',H  ) , n 

- - nn’ 


The  variance  of  the  estimates  is  given  by 


1,2, ...K. 


(16) 


(S  + v'1  nv',h)  2 . 

nn 


(17) 


Here  again,  it  can  be  seen  that,  at  the  lower  frequencies,  as  the  elements 
of  V"1  assume  large  values,  the  variance  of  the  estimates  will  be  large. 
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6.  LEAST-SQUARES  ESTIMATOR 


6.1  Least-squares  fit 

The  approach  here  is  to  start  with  the  observed  covariance  matrix,  PI,  and 
to  seek  that  S which  gives  the  best  fit  to  it.  For  a single  observation, 

a H A. 

M = x x ; for  multiple  observations,  M would  be  some  averaged  covariance 
matrix  such  as 


M 


L 

1 

r 

i=l 


V 

z_ 


(18) 


A 

The  problem,  then,  is  to  find  the  diagonal  matrix  S which  gives  the  least- 
squares  solution  to  the  inconsistent  equation 


V S V - M; 


(19) 


. , we  wish  to  find  that  (diagonal)  S which  minimises  II V S V**  - Mil2  . 
can  be  solved  by  differentiating  with  respect  to  Sj  and  equating  to  zero 

i each  j.  The  result  (if  W’1  exists)  is 


s = 


e.i 

j 


= W'1  s' 


(20) 


where  s'  = I S'!  , 

- n 

W = (VH  V)  0 (VH  V) * , 

s'  = (VH  M V)  . 
n v-  - - nn 

Rao  (5)  has  derived  a lemma  which  gives  a sufficient  condition  for  the 
existence  of  W~' ; this  can  be  re-stated  for  our  purposes  as  follows. 

"Let  V be  (K  x N)  of  full  rank,  and  M be  the  greatest  integer  such  that 
no  M columns  of  y are  dependent.  If  M 3*  N - K+  1,  then  W is  non-singular." 
Rao's  lemma  only  extends  to  values  of  N < 2K;  non-singular  matrices  W 
also  exist  for  N > 2K. 

s'  is  the  output  of  a conventional  (unweighted)  add-squarer  beam-former. 
The  least-squares  estimator  may  therefore  be  considered  as  comprising  a 
conventional  add-squarer,  followed  by  another  processor  which  corrects  the 

a H 

estimate.  For  a single  observation,  M = x x , and  we  have  a quadratic 
estimator. 

It  is  not  difficult  to  show  that,  the  estimator  is  unbiased.  The 
covariance  matrix  of  the  estimates  is 


where  H = 


<(§  - s)(§  - s)H> 


W'1  (H  0 H*)W_1 


(21) 


vfl  V s 


v”  V. 
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6.2  Effect  of  noise 


If  noise  is  present,  but  has  not  been  allowed  for,  the  estimates  will  have 
an  expected  value  of 


<s>  = 


s + W'1  n' , 


(22) 


where  n'  = in'.!, 
J 


n ! 
1 


(V N V)... 

- - - JJ 


As  in  the  maximum  likelihood  case,  the  estimates  are  biased,  but  here  the 
biases  can  be  negative.  A 

If  N is  known,  we  can  allow  for  it  by  selecting  S to  give  a least-squares 
solution  to  the  inconsistent  equation 


* II  ~ 

V S V + N — M. 


The  solution  is 


A , , — I , A . 

s = W 1 (s ' - n' ) 


(23) 


This  estimator  is  unbiased,  with  a covariance  matrix 


<^(s  - s)(s  - s)H>  = W'i(ll  + ■!)  Q (H  + .))*jw''  , 


(24) 


where  H = VH  V S VH  V 


H 


.J  = V N V. 


7.  MINIMUM  BIAS  ESTIMATOR 

We  confine  our  attention  in  this  section  to  quadratic  estimators 


» H . (n) 

s^  = x A x, 


(25) 


where  A ^ 11  ^ is  of  rank  1. 


,(n) 


For  non-negative  estimates,  Av  ’ must  be  non-negative  definite,  so  that  we 
can  write 


s = xH  a(^  a(")H  x. 
n - 


(26) 


The  condition  for  an  unbiased  estimator  is  that 


(VM  a(n:)  a(nlH  V)  = f>  , 
- - - - mm  nm 


but  we  know  (see  Section  3)  that  for  N > K it  cannot  be  met,  so  we  seek 
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L 


(v»  a(n)  a(n)H  y)  ^ 5 . 

- - - -mm  nm 

We  derive  here  a quadratic  estimator  which  gives  non-negative  estimates,  and  for 
which  the  bias  is  minimum  in  some  sense.  Specifically,  we  wish  to  find 
(n) 

a so  as  to  minimise 

V TrtyV”’  a<">H») 
n 


subject  to  the  constraint  that 


(V»  «(•*)  a<n>H  V) 

- - - nn 


1 V n. 


(27) 


This  can  be  solved  in  a straightforward  way  using  Lagrange  multipliers. 
The  solution  is 


,H.  - 


: v (v  y'V1  x x (v  vMr‘  Vi 


nn 


j VH(V  VH)  ''  Vj  : 

- - - nn 


8.  DIAGONAL  FIT  ESTIMATOR 


(28) 


Consider  an  observed  or  estimated  covariance  matrix  M,  and  the  case  N > K. 

A - 

We  can  find  a matrix  S such  that 


^11  -s 

V S V = M, 


(29) 


but  in  general  only  if  S is  not  diagonal.  The  approach  here  is  to  allow  S to 
have  non-zero  off  diagonal  elements  so  that  we  can  obtain  a general  solution  to 
equation  (29);  we  then  seiect  the  particular  solution  which  minimises 


e = '■  I s. . 


U 


We  call  this  the  "Diagonal  Fit"  Estimator. 


The  general  solution  to  equation  (29)  is  expressed  in  terms  of  a generalised 
inverse  of  V and  an  arbitrary  complex  matrix  Z(ref.4,page  30).  We  then 
differentiate  e with  respect  to  the  real  and  imaginary  parts  of  z_  and  set  to 

zero.  The  eventual  solution,  if  the  matrix  inverses  exist,  is 


where  d 


s = Q‘ 


V11  (V  vV  M(V  v'V1  Vj 


(30) 


nn* 


(31) 
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Q = l VH(V  VH)~'vj  QlVH(V  VH)'*Vj*. 

Rao's  lenuna  (see  Section  6.1)  can  be  applied  to  Q as  well:  since  V is 
(by  assumption)  of  full  rank,  (V  V*1)  is  p.d.,  so  we  can  write 

vH (v  y'V'v  = (f  v)H  (F  v), 

where  F is  non-singular.  Hence  if  V meets  the  conditions  of  the  lemma,  both 
W and  Q are  non-singular. 

Comparing  equations  (.10)  and  (31)  with  (28),  we  find  that  the  Diagonal  Fit 
Estimator  may  be  considered  to  be  the  Minimum  Bias  Estimator  followed  by  a 
further  processor  which  refines  the  estimate. 

The  Diagonal  Fit  Estimator  is  unbiased  and  can  in  general  give  negative 
a II 

estimates.  For  M = x x , it  is  another  quadratic  estimator. 


9.  EXAMPLES 


9.1  Polar  response 

All  the  estimators  examined  here  may  be  considered  to  be  types  jf 
beamformers* . As  such,  it  is  possible  to  plot  their  polar  response  or  beam 
pattern,  i.e.,  the  output  of  one  beam  as  a signal  source  (in  the  far  field) 
moves  around  the  array.  This  has  been  done  for  a circular  ring  array  of 
10  equi -spaced  receivers,  with  a signal  source  in  the  same  plane  as  the  array. 
The  results  are  given  in  figures  1 to  18  for  the  four  types  of  processors 
and  for  different  values  of  R/X , where 

R = radius  of  the  array  and 
X = wavelength. 

For  this  array,  when  the  inter-element  spacing  = = 0.796. 

For  comparison,  the  polar  response  of  a conventional  (add-squarer) 
beamformer  is  also  given. 

9.2  Maximum  Likelihood  Beamformer 

The  Maximum  Likelihood  Estimator  is  a kind  of  weighted  add-squarer 
beamformer,  where  the  weights  arc  complex  and  frequency-dependent. 

Its  beam  patterns  are  shown  in  figures  1 to  5 for  N = K = 10,  and  for  a 
beam  pointed  radially  through  one  receiver.  The  plane-wave  signal  arrivals 
have  been  taken  to  be  equally  spaced  around  the  array,  and  to  be  in  the 
plane  of  the  array. 

Note  that  in  each  pattern  there  are  9 nulls,  always  at  the  (assumed) 
directions  of  the  other  9 signal  arrivals.  This  result  follows  because 
the  estimator  is  unbiased  and  applies  as  well  to  other  unbiased  estimators**. 
The  processor  may  therefore  be  considered  as  a beamformer  which  steers  N-l 
nulls  in  selected  directions. 


* Hereafter,  the  two  terms  will  be  used  interchangeably. 

**  I am  indebted  to  Dr.  D.A.  Gray  for  providing  this  insight. 
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When  the  inter-element  spacing  is  X/2  (R/X  = 0.796),  the  Conventional 
Beamformer  has  a large  back  lobe  (at  180°)  but  a somewhat  narrower  main  lobe 
than  the  Maximum  Likelihood  Beamformer.  At  lower  frequencies,  however,  the 
latter  shows  quite  distinct  improvements  over  the  Conventional  processor. 
Because  the  nulls  are  always  in  the  same  angular  positions,  its  beam  pattern 
is  practically  invariant  with  decreasing  frequency,  while  that  of  the 
Conventional  Beamformer  rapidly  deteriorates  as  frequency  is  reduced.  At 
low  frequencies,  the  Maximum  Likelihood  Beamformer  is  a type  of  super- 
directive processor  whose  pattern  is  sensibly  constant  with  frequency. 

Of  course,  one  cannot  in  practice  operate  at  very  low  frequencies  because 
the  magnitude  of  the  weights  becomes  very  large,  and  the  processor  becomes 
unduly  sensitive  to  noise. 

9.3  Least -Squares  Beamformer 

As  mentioned  in  Section  6,  the  Least-Squares  Beamformer  comprises  a 
Conventional  Beamformer  whose  outputs  are  further  processed.  Its  beam 
patterns  are  plotted  in  figures  6 to  8 for  M = 12.  Here  again,  the  signal 
arrivals  are  assumed  equally  spaced  in  angle. 

As  expected,  there  are  N-l  = 11  nulls  in  constant  directions,  and  the 
main  lobe  is  correspondingly  narrow,  but  the  side  lobes  are  of  comparable 
magnitude  to  those  of  the  Conventional  Beamformer. 

At  low  frequencies,  the  magnitude  of  the  weighting  coefficients  rises 
very  rapidly,  so  that  this  processor  would  only  have  very  limited 
application  as  a superdirective  beamformer  (at  least,  for  this  array 
configuration) . 

9.4  Minimum  Bias  Beamformer 

This  is  another  weighted  add-squarer.  As  this  estimator  is  biased,  the 
number  and  positions  of  the  nulls  vary  with  frequency.  Beam  patterns  are 
plotted  in  figures  9 to  13  for  N = 20  (equally-spaced  arrivals).  The 
overall  performance  of  this  processor  is  good.  The  matrix  which  requires 
inverting  appears  to  be  better  conditioned  than  the  corresponding  ones  for 
the  other  processors. 

9.5  Diagonal  Fit  Beamformer 

The  Diagonal  Fit  Beamformer  comprises  a Minimum  Bias  Beamformer  whose 
outputs  are  further  processed,  t<  give  an  unbiased  estimator.  Its  beam 
patterns  are  plotted  in  figures  14  to  18,  for  N = 12.  As  with  the  least- 
squares  estimator,  there  are  again  N-l  =11  regularly  spaced  nulls. 

For  R/X  = 0.796  (see  figure  14),  apart  from  the  back  lobe,  the  Diagonal 
Fit  Beamformer  has  side  lobes  comparable  with  those  of  the  Conventional 
Beamformer.  At  low  frequencies,  the  improvement  is  more  marked,  so  this 
processor  could  find  application  as  a nul 1 -steering  superdirective  processor. 
The  magnitude  of  its  weighting  coefficients  does  not  appear  to  increase  as 
rapidly  as  that  of  the  Least  Squares  Beamformer,  as  frequency  is  reduced. 


10.  SUMMARY  OF  PROPFRTIF.S 

A brief  summary  of  the  properties  of  the  estimators  is  given  in  Table  1. 

The  Least-Squares  estimator  can  be  thought  of  as  comprising  the  Conventional 
est’mator,  which  in  general  gives  biased  estimates,  followed  by  further  processing 
which  makes  the  estimates  unbiased.  Similarly,  the  Diagonal  Fit  estimator 
comprises  the  Minimum  Bias  estimator  followed  by  further  processing. 

For  N = K,  the  Maximum  Likelihood,  Minimum  Bias  and  Diagonal  Fit  estimators 
are  the  same. 
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DISCUSSION 


The  investigation  of  these  F.st imators/Beamformers  is  still  at  an  early  stage. 
Much  further  work  is  still  required,  with  other  array  configurations  and  in 
particular  with  real  data  in  the  presence  of  noise.  A detailed  comparison  is 
needed  with  alternative  processors,  e.g.,  adaptive  processors. 

The  nul 1 -steer ing  properties  of  the  unbiased  estimators  (Maximum  Likelihood, 
[.east -Squares  and  Diagonal  Fit)  could  find  practical  application.  Although  it 
has  no  null-steering  capability,  the  Minimum  Bias  Beamformer  appears  to  have  good 
performance  over  a wide  frequency  range. 

Of  course,  the  practical  implementation  of  any  of  these  processors  would  need 
to  involve  a computer.  Whether  any  one  processor  is  practicable  would  depend  on 
many  factors,  such  as  the  number  of  receivers,  the  frequency  bandwidth  of  the 
signals,  and  whether  the  processing  needs  to  be  done  in  real  time. 

It  is  important  to  point  out  that  the  matrix  V,  on  which  all  the  computations 
are  based,  is  a function  only  of  frequency,  array  geometry  and  signal  arrival 
directions.  If  the  latter  arc  known  (or  can  be  assumed),  then  all  the  matrix 
calculations  can  be  carried  out  beforehand  and  the  processor  coefficients  stored, 
as  they  do  not  depend  on  the  actual  signals  received  at  any  one  time.  In  this 

regard,  these  beamformers  differ  from  other  frequently  used  processors,  which 

require  the  inversion  of  some  estimate  of  the  covariance  matrix,  an  operation 
which  can  have  problems  in  practice. 

As  pointed  out  in  Section  5.1,  it  is  not  adequate  to  estimate  directionality 

using  a single  observation  vector  x (as  the  variance  of  the  estimate  would  be 

too  large) , but  some  average  needs  to  be  taken  over  a number  (say,  L)  of 
independent  observations  x^.  If  the  signals  are  stationary,  this  can  be  done  by 

first  calculating  the  estimated  powers,  1 iM  .,  corresponding  to  each  observed  x., 

and  then  averaging  the  is  i . Alternatively,  one  can  average  the  covariance 

^ > 

matrix,  and  only  beam-form  after  I,  observations.  This  latter  approach  has  the 
advantage  of  requiring  less  matrix  calculations,  but  at  the  penalty  of  needing 
more  storage. 

If  signals  are  not  stationary,  it  may  be  acceptable  to  average  over  a band  of 
f requenc i es . 


12.  CONCLUSIONS 

Of  the  four  processors,  the  Maximum  Likelihood  and  Minimum  Bias  appear  at 
this  early  stage  to  be  the  most  promising  for  low-frequency  applications. 

The  former  would  be  most  useful  if  interference  is  present  in  known  directions. 

The  Least-Squares  Beamformer  would  appear  to  be  useful  only  over  a 
relatively  small  frequency  band.  It  has  the  advantage  that  it  operates  on  the 
output  of  a Conventional  Beamformer.  One  could  average  the  power  estimates 
from  a Conventional  Beamformer,  and  then  use  the  Least-Squares  processing  to 
generate  nulls  in  the  directions  of  interfering  signals. 

The  Diagonal  Fit  Beamformer  appears  to  be  useful  over  a broader  bandwidth  than 
the  Least -Squares  Beamformer.  The  first  step  in  the  processing  is  to  implement 
the  Minimum  Bias  Beamformer,  and  then  to  use  the  Diagonal  Fit  processing  to 
generate  nulls  in  the  directions  of  interfering  signals. 

Whether  any  one  of  the  processors  described  here  is  practicable  will  depend  or 
the  particular  application  - the  number  of  elements  in  the  array,  the  frequency 
band,  the  speed  and  storage  capacity  of  the  computer  available  and  especially 
on  whether  results  arc  required  in  real  time.  The  choice  of  which  one  to  use 
naturally  must  depend  on  circumstances.  The  Minimum  Bias  Beamformer  has  a good 
all-round  performance.  The  other  three  would  be  attractive  in  a situation  in 
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which  there  are  many  interfering  sources  in  directions  which  are  either  known  or 
can  be  estimated. 
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Figure  4.  10-element  ring  array,  max.  likelihood  estimator,  R/X  = 0.125 
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Figure  6.  10-element  ring  array  - least-sq.  estimator,  R/X  = 0.796 
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Figure  7.  10-element  ring  array  - least-sq.  estimator,  R/X  = 0.5 
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Figure  12.  10-element  ring  array  - min.  bias  beamformer,  R/X  = 0.12S 


Figure  16.  10-element  ring  array  - diagonal  fit  beamformer,  R/X  = 0.25 
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Figure  17.  10-element  ring  array  - diagonal  fit  bcamformer,  R/X  = 0.125 
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Figure  18.  10-element  ring  array  - diagonal  fit  beamformer,  R/X  = 0.0625 
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SUM  AND  SQUARE  LAW  SIGNAL  PROCESSORS 
WITH  MULTIPLE  CLIPPED  INPUTS 

Prof.  R.G.  Keats,  Department  of  Mathematics, 
University  of  Newcastle,  N.S.W. 


SUMMARY 

The  recent  work  of  Cheng  and  Stokes  on  the  processing  of  clipped  signals 
from  two  or  three  receivers  is  extended  and  generalised  to  n receivers  and  a 
number  of  the  restrictions  removed.  In  particular,  the  restriction  that  the 
noise  in  each  receiver  has  the  same  normalised  correlation  function  as  the 
signal  is  removed. 

The  output  signal  to  noise  ratio  for  the  clipped  processor  is  compared  with 
the  unclipped  case  and  it  is  shown  that  for  large  n this  signal  to  noise  ratio 
for  the  clipped  processor  exceeds  that  for  the  unclipped. 

Mathematically  - Plackett's  result  is  used  to  expand  the  orthant  probabilities 
involved  in  increasing  powers  of  the  input  signal  to  noise  ratio. 
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1.  INTRODUCTION 

The  application  of  statistical  hypothesis  testing  to  the  detection  of  signals 
in  additive  background  noise  is  well  established;  see,  for  example,  Helstrom  ( 5|  , 
Van  Trees  ( 15l  , and  more  recent  work  by  Kailath  ( 6j ,( 7]  ,(  8| . In  many  of  these 
applications  the  outputs  of  a number  of  receivers  are  combined  and  processed  to 
give  a quantity  on  which  a decision  concerning  the  presence  or  absence  of  a signal 
may  be  based.  This  paper  is  concerned  with  sum  and  square  law  processors  as 
illustrated  in  figure  (1),  and  in  particular,  a comparison  is  made  of  the 
performance  of  two  such  processors;  viz.,  the  analogue  sum  and  square  law 
processor  (A.S.S.P.),  and  the  polarity  sum  and  square  law  processor  (P.S.S.P.). 

liarly  work  in  this  field  was  described  by  Faran  and  Hills  [4]  and  other 
authors;  for  example,  [3]  ,[  9)  ,[  12j  ,[  14]  . This  work  was  extended  by  Cheng!  2)  , 
and  both  he  and  Stokes  gave  extensive  resumes  of  this  and  related  work  in  their 
theses,  Cheng  [ l]  and  Stokes  1 13] . 

The  measure,  used  by  most  authors,  of  the  performance  of  processors  similar  to 
those  discussed  in  this  paper,  is  the  ratio  of  signal  power  to  noise  power  at  the 
output  of  the  processor.  The  signal  power  is  defined  as  the  square  of  the 
difference  between  the  mean  output  in  the  presence  of  signal  and  the  mean  output 
in  the  absence  of  signal.  The  noise  power  is  defined  as  the  variance  of  the  out- 
put in  the  presence  of  signal.  Other  measures  of  performance  are,  of  course, 
possible,  but  as  mentioned  above,  this  signal  to  noise  ratio  is  widely  used,  and 
accordingly  it  will  also  be  used  here. 

The  operation  of  the  class  of  processors  discussed  here  is  shown  in  figure  (1). 
The  inputs  to  each  receiver  consist  of  a signal  S plus  noise  N. ; these  inputs 

are  assumed  to  be  realisations  of  stationary  random  processes.  Although  the 
signals  at  each  receiver  are  identical  realisations  of  the  same  process,  it  is 
possible  that  they  are  shifted  in  time  relative  to  each  other.  It  will  be 
assumed  that  this  shift  is  not  present  or,  alternatively,  delays  arc  inserted  to 
synchronise  the  signals  from  each  receiver.  Following  the  time  delay  the  inputs 
to  each  receiver  may  be  transformed  linearly  or  non-linearly  and  the  members  of 
the  class  of  processors  studied  here  differ  only  in  the  type  of  transformation 
used  at  this  point.  In  the  case  of  the  A.S.S.P.  the  transformation  is  the 
identity,  whereas  the  P.S.S.P.  incorporates  the  transformation 

A . = sgn[  I . ] , 

where 

I . = S+N . 

l l 

and  the  function  sgn  is  defined  by 

sgn(x)  = 1 , x > 0, 
sgn(x)  = -1 , x < 0. 
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Although  one  of  the  two  cases  compared  in  this  paper  uses  the  identity  trans- 
formation, any  linear  transformation  may  be  studied  similarly  and  with  very  little 
added  complication,  since  the  relation  between  the  statistics  of  a normal  input 
to  a linear  filter  and  its  output  is  well  known;  see,  for  example,  Laning  and 
Batt in  [ 101 . 

Following  these  transformations,  the  outputs  A.  corresponding  to  each  receiver 
are  summed  and  squared  to  give  the  quantity  X = [SaJ2  which  is  then  integrated 
using  the  weighting  function 


wet  j 


to  give  the  processor  output 

Y(t) 


X ( t -P  ) dp  . 


The  following  additional  assumptions  will  be  made. 

(a)  The  signal  S(t)  and  the  noise  N(t)  present  at  each  receiver  are  stationary, 
normal,  random  processes  with  zero  mean,  variances  o^,,  j2  , and  the  same 

normalised  correlation  functions  P(t). 

(b)  All  cross-correlation  functions  are  identically  zero. 

(c)  The  input  signal  to  noise  ratio  is  small.  This  further  assumption  is 
not  restrictive  in  most,  if  not  all,  practical  cases. 


2.  PREVIOUS  RELEVANT  RESULTS 

The  following  results  will  be  used  in  this  paper  without  derivation.  They 
have  been  quoted  and  used  by  many  authors  and  can  all  be  found  in  Stokes  [ 13] . 


n 


El  Y] 


El  X]  = E(  \ i 


i = l 


n 

I 

i = 1 


E[  A2 


El  A. A.] 


(1) 


i*j 


J_  I 

TJ 


pc  JL 
T. 


= T-  e PV(P)  dp, 


(2) 


where 


PX(P)  is  the  covariance  function  of  X. 


If  we  define  B.  to  be  the  quantity  A.  delayed  by  p,  then 

p An)  = El(SA.)2(SB.)J]  -E2(SA.)j 

X 1 J 1 

= eI(Sa2)(2Bj.)]*2EI(2a2.)  (S'B.B.)] 
il  i i J 

♦ 2EI(£Bi2)(£a.A.)1  +4E[  £ A.A.B.B.] 


► 4E[  £ A.  A.  B.B.  ] +4E[  ? A.k.B  B,  ] -E2[SA2.  +2?  A A ] 
i J J k l J k t l il 


J 


(3) 
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where  - indicates  that  the  summation  is  to  be  taken  over  all  terms  such  that 
i < j,  k < l and  all  distinct  indices  take  different  values. 

The  nub  of  the  problem  thus  becomes  the  calculation  of  this  correlation 
funct ion  p^(p) • 

In  the  case  of  the  A.S.S.P.  the  following  results  are  fairly  trivial  extensions 
of  those  appearing  in  the  literature  [ 1 3] . For  this  case  the  following  results 
apply. 

(a)  In  the  absence  of  signal 

ElY(t)] 

(b)  In  the  presence  of  signal 

E[  Y(t)] 

while  the  autocorrelation  function 


E[  X (t ) ] = no2 


E[X(t)|  = n2  ag+na^ , 


PX(T)  = 2P2  (t)[  n2o2s+no^] 2 . 

The  signal  to  noise  ratio  for  this  processor  may  then  be  written 


na  a2 


2 K[  1 + (n- l)n] 2 ’ 


where 


and 


S N 


K = 


Y exp(-£>P2 (P)dP. 

1J0  1 


Cheng  [ l)  has  solved  the  problem  of  the  P.S.S.P.  in  the  case  of  two  inputs. 
His  result  can  be  written 


tares  in  a)J 


SNR 


PSSP(2) 


16T  / exP(VPX(/i)dM 


px00 


lb. 


jlarcsin  P (P)  ] 2 -l  arcsin  ap(P)] 


WRE-MISC-1 


121 


Stokes  endeavoured  to  extend  Cheng's  results  to  n = 3 but  was  unable  to  find  a 
closed  form  expression  for  the  term  E[  ~ A.  A . B.  B,  ] in  pv(| 0,  (3) . He  obtained 

1 j j K A 

numerical  values  by  a most  complicated  computational  programme.  This  difficulty 
again  arose  when  he  endeavoured  to  extend  the  problem  to  higher  values  of  n,  but 
as  can  be  seen  from  (3)  no  further  difficulties  arise.  In  fact,  Stokes' 

expression  for  PX(M)  1 13,  p.152)  becomes 

2n(n-l)E[  A.  A.B.  B.]  +4n(n-l)  fn-2)E[  A^.  B.  Bk] 

+n(n-l)  (n-2)  (n-3)E[  A^A^B^B^l-^n1  (n-l)J[  arcsin  (a))2.  (4) 


Closed  form  expressions  are  known  [ 12]  in  this  case  for  ElA.A  B.B.)  and  ElA.A.B.B,]  , 

ijij  ljkt 

but  after  a long  search  no  closed  form  could  be  found  for  EfA.A.B.B,]. 

x j j k 

These  three  expectations  all  depend  on  the  evaluation  of  orthant  quadrivariate 
probabilities;  i.e.,  the  evaluation  of  fourfold  integrals  of  the  form 


,oo  .00  „oo  ,oo 


2tt  , 


. o J o J o -1  o 


exp-h(x  Qxjdx , 


(5) 


where  Q = R'*  and  R is  the  correlation  matrix  of  four  jointly  normal  variates 
having  zero  mean  and  unit  variance.  For  the  three  cases  above,  the  matrix  R 
takes  the  form 
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(6) 


(7) 


(8) 


The  one  involving  matrix  (7)  proved  intractable. 
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3.  OUTPUT  SIGNAL  TO  NOISE  RATIO  OF  THE  P.S.S.P.  (n) 

Progress  in  this  P.S.S.P.  problem  became  possible  when  attempts  to  obtain  a 
closed  form  expression  for  all  three  orthant  probabilities  were  abandoned  and  z 
new  approach  adopted.  Realising  that  the  cases  of  practical  interest  were 
confined  to  those  where  the  signal  to  noise  ratio,  and  therefore  the  parameter  a, 
were  small,  it  was  decided  to  look  for  a series  expansion  of  expressions  like 
(5). 

To  avoid  confusion  in  notation,  we  will  take  advantage  of  the  fact  that 
correlation  matrices  are  symmetric  and  write  the  general  orthant  probability  for 
four  variates  as 


F(Pl  2 ,P  13  ,P  14  ,Pl  3 >P2  4 ,P3  4 ) , 


i.e.,  F is  a function  of  the  six  correlation  coefficients  of  the  four  variates 
involved.  In  particular  cases  we  will  also  use  notations  such  as  0(a,b)  so 
that,  for  example,  in  the  case  corresponding  to  the  matrix  (7) 


F(a,ab,ab,b,ab,a) 


0(a,b) . 


Expanding  0(a,b)  at  a = 0, 

0(a,b)  = 0(0,  b) 


(9) 


and  the  problem  reduces  to  evaluating  the  expressions  0,  g-^,  etc.,  at 

a = 0.  Plackett's  result  [ 11]  may  be  applied  to  the  evaluation  of  these 
expressions,  since  in  general 


90  ^ 

\da/a=o 


/ dp. 

[ v If LL 

v dp  . . da  /a=o 


with  more  complicated,  but  still  manageable  expressions,  for  higher  derivatives. 
Expressions  for  *^i j are  trivial  while  expressions  such  as  ^ ^ — follow  from 
[111. 

For  example,  following  Plackett  [111,  we  have 


ij  Mk l 


d2  F 

dp . .dp 


ij  ^k t 


a_viqi  hrr°rr±  ±. 

w JoJoildxi  dxj 


d d , T 

d^  d^  exp-^fx  Qx)dx 


(10) 


and  the  value  of  this  expression  at  a = 0 is  easily  obtained  in  the  following 
way.  Since  a is  not  involved  in  either  the  integrations  or  the  differentiations 
we  are  only  concerned  with  the  matrix  Q0  = Q evaluated  at  a = 0;  e.g.,  in  the 
example  (7)  , 

10  0 0 
0 1 b 0 

0 b 1 0 

0 0 0 1 
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Furthermore,  if  all  the  indices  i,j,k,/  are  distinct  it  is  easily  seen  that 


d2?  _ fl  V | n | h 

i ' w 0 


1 1 
4^"  Vl-b2 


Similarly,  if  i = k = 2,  j=/=3,  we  have 


a>*N  1 V,  .\(Tn°°'  a V (a  V T 

0000 


So  that 


( d2<j>\ 

V A 


^rj  I Q0I  * j I ~jZp  expl -,i(x3+xi)]dx3dx4 


87T(l-b2)3/2 


4.  DISCUSSION  AND  AN  EXAMPLE 

The  partial  derivatives  required  in  order  to  evaluate-^,  and  at 

d a o a da 

a = 0 for  the  three  cases  corresponding  to  the  matrices  (6),  (7),  (8),  have  been 
calculated  and  appear  in  the  appendix.  The  expectations  required  for  the 
evaluation  of  the  expression  (4)  are  also  derived  in  the  appendix  and  evaluated 
using  these  orthant  probabilities,  but  neglecting  terms  of  order  a4  or  higher. 
The  signal  to  noise  ratio  of  the  A.S.S.P.,  is 


2K[  1+  (n-  l)a] : 
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as  given  in  Section  2.  The  signal  to  noise  ratio  of  the  P.S.S.P.^,  after 
neglecting  terms  of  order  a4  and  higher,  may  be  written  in  the  form 


n(n-l)a2  > 
an2  +0n+7 


(12) 


where : 

a = 2a2  K(l-2a)  , 

P = 4ali  +a2  (4Ij -10K-4)+a3  (|l2  -4 14  +20K)  , 
y = 2Is -8al, +a2  (10K-8I3+8)  + a3  (814 -|lj -24K) 


The  quantity  K was  defined  in  Section  2. 

The  integrals  Ii  to  I5  are  of  the  form 

/•  oo 

1 M 

11  = “ exp(-?jr)b  arcsin(b)d/i , 

Jo 

oo 

12  = “ exp(-^-)  b3  arcsin  (b)dM  , 

•o 


r 00 

13  = Y exp ( -^-)  ( 1 -b2 ) *2dp  , 

‘ O 
* 00 

14  = j exp(-£)  (l-b2)'VdP, 

Jo 

. 00 

Is  = Y exp(-^)(  arcsin(b)] 2 dp . 

Jo 

All  these  integrals  may  be  evaluated  once  the  correlation  function  b = p(p)  is 
decided. 

The  expression  (12)  has  been  evaluated  for  a range  of  values  of  n using  the 
parameter  values. 


a 


b = P(P) 


-*lnl 

e 


and  for  T = both  S and  100.  The  results  appear  in  decibel  form  in  figures  (2) 
and  (3).  The  quotient  of  the  signal  to  noise  ratio  of  the  A.S.S.P.^  divided 

by  that  of  the  P.S.S.P.^  appears  as  figure  (4);  the  graph  for  T = S has  been 


reproduced  here;  that  for  T = 100  is  very  little  different. 

As  would  be  expected,  the  performance  of  each  processor  improves  as  the  number 
of  receivers,  n,  increases.  More  importantly,  however,  the  performance  of  the 
P.S.S.P. ^ relative  to  the  A.S.S.P.^  improves  as  n increases.  The  most 

surprising  result,  (cf.  e.g.,  (12))  however,  is  that  for  large  n the  performance 
of  the  P.S.S.P.^  is,  using  this  signal  to  noise  criterion,  better  than  that  of 
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the  A.S.S.P.^.  In  fact,  as  n+°°the  quotient  mentioned  above  approaches  l-2a. 

A similar  result  noted  by  Cheng  l l]  has  been  dismissed  since,  unlike  the  present 
case,  it  appeared  to  apply  only  for  large  values  of  the  input  signal  to  noise 
ratio.  An  examination  of  the  expressions  (11)  and  (12)  shows  that,  in  this 

present  case  also,  the  phenomenon  could  have  been  expressed  in  terms  of  a;  l-2a 
becomes  smaller  as  a increases.  However,  the  present  work  is  only  valid  for 

small  a,  although  it  is  probable  that  increasing  a does  have  a similar  effect  to 
increasing  n. 

It  has  now  been  found  that  the  approach  described  in  Section  3 can  be  applied 
to  the  general  case;  i.e.,  when  the  random  processes  describing  the  signal  and 
noise  are  allowed  to  have  differing  variances  and  correlation  functions.  Work 
on  this  general  case  has  been  completed  and  will  shortly  be  submitted  for 
publ icat ion . 
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APPENDIX 

DERIVATION  OF  THE  REQUIRED  EXPECTATIONS 

la  this  appendix  the  three  expectations  required  for  the  calculation  of  the 
correlation  function  P (q)  are  determined  after  neglecting  terms  of  a4  or  higher. 

A 

Previous  work  by  Cheng  [1]  is  used  to  simplify  the  calculation  of  ELA^A^B.B.J. 

In  all  three  cases  the  required  expectation  may  be  written  in  a form  similar 
to 

EIA.A.D.H.  ] = 2PIA.A.B.B.  = 1)  -1, 

i J 1 .1  L l J l .1  J 

but  for  this  case  we  note,  [ 1 ] , 

E[A.A.B.  B.  J = | [ arcsin  (a)] 2 + [arcsin  (b)J 2 - [arcsin  (ab)J 2 j 

= -p  { [arcsin (b)]  2 +a2  (1  -b2 ) +0(a4  )j  . 

E[A.A.B.B  J = 4[0!  (a,b)+0i  (a,-b)+<^»2  (a,b)+02  [a,-b)  ]-l 

1 J J K 

where 

<t>\  (a, b)  = F [ a , a b , ab  , b , ab  , a ] , 

02  (a, b)  = F [-a ,ab , -ab , -b ,ab , -a] . 


Using  the  results  appearing  in  Table  1,  this  expectation  can  be  written 
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TABLE  1.  PARTIAL  DERIVATIVES  OF  ORTHANT  PROBABILITIES  NEEDED 
FOR  THE  CALCULATION  OF  THE  REQUIRED  EXPECTATIONS 


0i  (a, b)  = F(a  ,ab  ,ab  ,b  ,ab  ,a) 

02 (a, b)  = F(-a,ab,-ab,-b,ab,-a) 


The  derivatives  of  0i(a,b)  evaluated  at  a = 
may  be  obtained  by  changing  the  sign  of  b. 
zero  are  given. 


0 are  given  below,  those  for  02  (a,b) 
Only  those  derivatives  unequal  to 


0. (O.b) 


_1_ 

2tr 


arcsin  b] 


0 


/ a20,  \ 

3 = 0 


i j 

k f 

Value 

1234, 

1324 

aV 
\ 2* ) 

(l-b2)"'5 

2 

1224  , 

1334 

(l?) 

c-b)  (l-b2 ) 
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3’0, 


9p . .Op,  9p 
1 j k mn , 


a=0 


ij  kf  mn 

Value 

121212  , 

131313, 

242424, 

343434 

JL 

87T 

121214, 

131314, 

142424, 

143434 

b 

47 r 

C 1 _b2 ) ~'2 

121314, 

142434, 

212324, 

132334 

4tt2 

(1-b2 ) 

141414, 

[ 

232323 

1 

87T2 

(7t+2  arcsin  b) 

Defining 
requi reu 


<t>i  (a,b) 
partial 


= F[ a,ab , -ah ,ab , -ab , -a]  as  required  for  E[ A. ,A. ,B  ,B.l  the 

1 J K v 

derivatives  are  found  by  equating  b = 0 in  those  for  0i (a,b) . 


Figure  1.  A sum  and  square  law  processor 
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Figures  2,  3 li  4 


ratio  of  clipped  sum  and  Figure  3.  Output  signal  to  noise 
square  law  processor  for  ratio  of  clipped  sum  and 

T = 5 square  law  processor  for 


Figure  4.  Comparison  of  output  signal  to  noise  ratio  of 

analogue  and  clipped  sum  and  square  law  processors  for  T = S 
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MEASURING  THE  DIRECTIONS  OF  INTERFERING  SIGNALS 
USING  SMALL  ARRAYS 

J.D.  Henstridge,  Department  of  Statistics, 

Research  School  of  Social  Sciences,  Australian  National  University 


SUMMARY 

Most  techniques  for  processing  signals  from  small  arrays  which  give 
consistent  estimates  of  signal  direction  fail  to  give  useful  results  when 
more  than  one  signal  is  present.  In  this  paper  a pseudo-maximum 
likelihood  method  is  used  for  the  problem  of  two  independent  stochastic 
signals  in  the  presence  of  noise  which  need  not  be  Gaussian.  Consistent 
estimators  are  given  for  the  cases  where  the  signal  spectra  are  known 
and  where  they  are  not  known.  Simulation  results  are  given  to  show  small 
sample  properties  of  the  estimators. 
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1.  INTRODUCTION 

The  purpose  of  this  paper  is  to  discuss  estimators  of  signal  directions  and 
other  parameters  such  as  velocity,  dispersion,  etc.,  when  the  signal  is  I 

propagated  as  a wave  and  observed  by  an  array  of  separate  receivers.  The 
emphasis  is  on  small  arrays  which  would  not  be  able  to  resolve  signals  from 
different  directions  when  used  in  the  conventional  sense.  The  small  size  will 

also  allow  reasonably  advanced  processing  of  the  outputs.  The  statistical 

treatment  of  large  arrays  which  are  usually  of  regular  design  is  very  different 
(Hinich  and  Shaman , 19721. 

The  one  signal  problem  with  small  arrays  has  been  treated  comprehensibly  by 
Hannan  (1975).  However  the  two  signal  case  is  considerably  more  difficult, 
especially  if  the  signals  cannot  be  separated  (e.g.,  if  they  are  not  in  disjoint 

I frequency  bands).  Deconvolut i on  techniques  (e.g.,  Fujinawa,  1974  or  McDonough, 

1975)  give  reasonable  results  for  extended  sources  but  tend  to  behave  badly  with 
point  sources  and  the  results  arc  difficult  to  access  statistically. 

We  shall  be  concerned  with  estimators  using  the  discrete  time  series  obtained 
by  sampling  the  output  of  each  receiver  in  the  array  at  regular  intervals. 

Without  loss  of  generality,  we  shall  take  this  interval  to  be  unity,  giving  us 
time  series  with  spectra  on  I -Tr.rn) . The  discrete  sampling  can  give  a problem 
of  aliasing  whereby  high  frequencies  are  confused  with  lower  ones  (see  Koopmans, 

1974).  This  must  be  overcome  by  filtering  out  the  high  frequencies  before  the 
sampling  process  as  the  estimators  we  propose  can  be  badly  affected  by  them. 

The  estimators  will  be  given  for  a sample  of  N observations  in  time.  In 
practice  N will  be  chosen  to  be  highly  composite  and  preferably  a power  of  2 so 
that  the  Fast  Fourier  Transform  (FFT)  can  be  used.  Without  the  FFT,  the  methods 
proposed  would  be  impractical  for  any  but  small  sample  sizes. 

Further,  we  shall  restrict  the  analysis  to  the  case  where  the  signals  are 
independent  of  each  other  and  of  the  noise,  and  the  noise  at  each  receiver  has 
the  same  spectrum  as  and  is  independent  of  the  noise  at  all  other  receivers. 

The  receivers  are  assumed  to  be  omnidirectional.  Each  of  these  conditions  could 
be  relaxed  but  only  with  an  increase  in  complexity  and  without  lending  to 
significantly  different  results. 

Only  two  signals  will  be  considered  in  this  paper  but  nothing  in  the  analysis 
will  be  unique  to  t he  two  signal  problem. 

The  model  for  the  output  of  the  a-th  receiver  at  time  t is 

y(t,a)  = zi  ( t , a)  + z:(t,a)  + x(t,a),  a = 1 ,p,  (1) 

where  the  signals  Zi  and  z2  are  of  the  form 

Z!  (t,a)  = / exp  j i|  tee  - 0,  (a, to,  r)]j  d f,  (to)  (2(a)) 

Z2  (t , a)  = / exp  j i(  tto  - 0:  (a, to,  r)li  d (to)  (2(b)) 

where  fi  and  f 2 are  random  measures  with  zero  mean  and  orthogonal  increments  as 
is  usual  and  x(t,a)  is  the  noise.  0 , (a, to,  r)  and  02(a,to,  r)  are  the  phase  delays 
of  the  signals  at  the  receiver  a and  frequency  to  and  are  a function  of  r , an 
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unknown  parameter  vector,  the  true  value  of  which  (r  ) must  be  estimated.  In 

general,  r would  be  a vector  in  some  subset  of  Euclidian  space  with  components 
which  specify,  for  instance,  the  direction  or  velocity  of  the  two  signals. 

Only  the  one  parameter  vector  is  used  for  both  signals  since  they  may  have  some 
properties  in  common,  such  as  velocity.  An  example  of  such  a 0 would  be 

0(a,w,  t)  = cofj»  . u/c(cJ) 

where  £^(a)  is  the  position  of  the  receiver  a,  u is  the  unit  direction  vector  of 
the  signal  and  a function  of  r and  c(oj)  is  the  velocity  of  transmission  at 
frequency  to. 


2.  ONE  SIGNAL  CASE 

For  the  one  signal  case,  the  almost  universally  used  estimator  can  be  expressed 
as  that  r which  maximises  the  function 


= N 


W(«) 


Y (co  ) e1  °(a>“S’Tl 


where 


(3) 


Y (to)  = N''2  \ y(n,a)  elnW  (4) 

n 


and  to,  = 2 s/N,  s = -N/2,  ....  N/2.  The  fourier  transformation  can  be  carried 

out  using  the  FFT.  The  spectral  weight  function  W is  chosen  so  as  to  be  in 

some  sense  optimal.  It  has  been  shown  that  this  estimator  is  consistent  (that 
is  t ^ as  N - 00  almost  surely)  under  the  very  mild  condition  of  ergodicity; 

under  slightly  stronger  conditions,  particularly  upon  the  foprth-order  moments 
of  the  signal,  a central  limit  theorem  holds,  showing  that  N^CTN  - rQ)  tends  to 

be  normally  distributed  with  zero  mean  and  a specified  variance  (Hannan  1975). 
The  signal  and  noise  processes  do  not  have  to  be  Gaussian.  The  asymptotic 
variance  depends  only  upon  the  second-order  pioperties  of  tne  signal  and  noise. 
This  is  a point  of  some  importance  since  a variance  depending  on  higher-order 
moments  is  often  useless  because  these  moments  are  so  difficult  to  measure  in 
practice. 

The  derivation  of  equation  (3)  deserves  some  comment  since  it  can  provide  a 

starting  point  for  estimators  of  more  than  one  signal.  In  one  sense  it  is  an 

obvious  estimator  obtained  by  the  modelled  phase  differences  between  receivers 

upon  the  observed  ones.  It  can  also  be  found  by  a pseudo  maximum  likelihood 

technique.  If  the  signal  and  noise  are  Gaussian,  the  Y (to ) are  normally 

3 S 

distributed  and  independent  for  different  s,  with  zero  mean  and  variance  matrix 
?(°-’s.r)>  the  spectral  matrix  as  predicted  by  the  model  with  parameter  r.  This 

gives  a log  likelihood  of  the  form 
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!SN  '*  det  f(u> ir)  - Y*(co)  («  ,r)  Y(w  ) (5) 

g S b b b 

where  Y is  the  vector  with  components  Y . This  procedure  is  outlined  by  Hannan 
(1970,  p.  395). 

For  the  one  signal  problem,  the  (a,b)  entry  of  f(w,T)  is  fx(w)  + 

/•  , i|0(b,w,r)  - 0(a,w,r)]  u £ * - _ 

f (w)  e v ’ ’ 1 v where  f is  the  spectrum  of  the  noise,  f is  the 

z x A z 

spectrum  of  the  signal  and  6 is  the  Kronecker  delta  function.  det  f(co,r)  can  be 

shown  to  be  independent  of  r . After  disregarding  all  other  terms  which  are 

independent  of  r,  we  arrive  at  equation  (3)  with  W(w)  = f (co)  1 J (f  (to)  + pf^(<J)|  1 

Although  Gaussian  assumptions  are  made  in  the  derivation  of  the  estimator,  they 
are  not  necessary  in  its  application.  Experience  indicates  that  this  type  of 
estimator  is  close  to  the  best  available  in  practice.  What  is  more,  it  gives  us 
an  expression  for  the  weight  function  W. 

A third  method  of  deriving  equation  (3)  is  to  minimise  the  expression 


W («)  ' ' 

L i l i l—l 

s a b 

where  I^(cj)  = Y^ (w)  is  the  periodogram.  After  disregarding  all  terms 

not  depending  on  r , we  arrive  at  equation  (3).  This  method  does  not  lead  to  the 
optimal  weight  function  W. 


WUs>  * fab«VT> 


(6) 


3.  TWO  SIGNAL  CASE 


3.1  Stochastic  signals 

We  now  attempt  to  extend  some  of  these  ideas  to  a two  signal  situation. 

We  shall  consider  only  absolutely  continuous  spectra  with  densities  fi  and  f2 
for  the  signals.  To  simplify,  we  shall  set 


*(w,t)  * \ eii0'  (a’W'T)  ■ 02(a*co’r)l  • 

/ — i 

a 

Where  possible  to  do  so  without  confusion,  we  shall  drop  references  to  wand 
t i ti  the  following. 

The  model  spectral  densi  *■/  f now  has  entries  of  the  form 

f . f . f,eil»,(b)  - il»,(b)  - 8,(a)l 

ab  x ab 

When  this  is  substituted  into  equation  (5)  we  obtain 
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qN(T) 


N'1  V | log  A - f A*’  f,  (f  + pf2)  \ Y ei0'  (a) 
x x a 


Lu 

s 


+ f 2 (fx  + pfl  ) 


V Ye^ 


- 2 f,  f2  R 


V Y eiMa)  V'  Y el 
a a 


(a) 


where 


A = fx2  + pfxf,  + pfxf2  + fif2(p2  - III2). 


This  can  be  shown  to  give  reasonable  results  in  practice  but  is  hampered  by 
several  severe  disadvantages. 

(a)  For  consistency  it  requires  knowledge  of  all  spectra  including  their 
absolute  levels. 

(b)  It  is  numerically  rather  complex  leading  to  problems  of  numerical 
accuracy.  In  simulation  studies,  working  at  9 significant  digits  it 
was  found  almost  impossible  to  calculate  the  derivatives  accurately 
enough  to  be  usable.  Working  at  a higher  precision  would  so  increase 
computation  times  as  to  make  it  of  rather  limited  use. 

(c)  The  asymptotic  variance  depends  upon  the  fourth  order  cumulant. 

A 

If  we  substitute  our  expression  for  f into  equation  (6),  we  obtain 


qNfO  = N‘‘  W(ws)[f. 


\ y ei0,  (a) 


fj 


V Y ei02  ^ 


- f,  f2  M 


(8) 


This  estimator  is  much  simpler  and  appears  to  overcome  the  numerical  problems 
mentioned  above.  For  very  low  signal  levels,  equation  (8)  approximates 
equation  (7).  It  still  has  the  other  problems  of  equation  (7). 

Of  these,  the  greatest  handicap  appears  to  be  the  requirement  of  knowing 
the  spectra  accurately.  It  would  be  impractical  to  consider  the  value  of 
each  spectral  density  a quantity  to  be  estimated  in  each  band,  as  this  would 
lead  to  far  too  many  parameters  to  be  manageable.  To  model  the  spectra  in 
some  way  so  as  to  reduce  the  number  of  such  quantities  would  often  lead  to 
inconsistent  results  if  the  model  was  chosen  badly.  The  method  of  reducing 
the  likelihood  in  equation  (6)  with  respect  to  the  spectra  (that  is,  to 
replace  the  value  of  the  spectral  density  for  each  band  by  that  value, 
depending  on  r which  maximises  the  likelihood)  is  not  practical  due  to  the 
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restriction  that  the  spectral  densities  remain  non-negative. 

3.2  Deterministic  signals 

A rather  different  approach  is  to  consider  the  signals  to  be  deterministic 
rather  than  stochastic,  while  keeping  the  noise  stochastic.  While  this 
appears  to  be  a big  jump  in  terms  of  probability  theory,  it  is  hard  to  see 
the  difference  it  makes  in  reality.  If  only  one  realization  of  a process  is 
observed,  it  is  impossible  to  decide  whether  the  process  is  stochastic  or 
deterministic.  Possibly  probability  theory  makes  a distinction  which  may  be 
misleading  in  practice. 

The  pseudo  maximum  likelihood  approach  lends  itself  to  this  treatment  since, 

with  only  the  noise  being  stochastic,  the  likelihood  is  expressed  purely  in 

terms  of  the  distribution  of  the  noise.  The  model  for  the  signals  is  most 

easily  presented  in  terms  of  their  fourier  transforms  Z,  and  Z„  . We  let 
r la  2a 


Ta^s5 


= N 


- ico  n 


:i  (n , a)  e s 


and 


-laC%)  = Z,  (w)  e-10'  (a>as’T) 


is  defined  in  exactly  the  same  manner.  The  pseudo  maximum  likelihood 
estimator  is  then  given  by  the  maximum  of 


s 


a 


Zi  e 


-ifl,  (a) 


Z2  e 


-i02  (a) 


(9) 


the  maximization  to  be  taken  over  all  r,  Z|  (co.) , Z2  (w  ) . In  a sense  we  are 

also  estimating  the  phase  and  amplitude  of  each  signal  in  each  frequency  band. 
However,  we  can  reduce  :he  likelihood  with  respect  to  Z(  and  Z2  (since  they 
are  unrestricted  in  the  complex  plane)  and  we  then  obtain 


a a 


This  estimator  appears  to  be  the  most  useful  one.  Although  it  was  derived 
using  assumptions  of  deterministic  signals  and  Gaussian  noise,  its 
application  is  far  more  general  and  it  is  easiest  to  examine  its  properties 
using  stochastic  signals. 
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(a)  It  does  not  depend  upon  knowledge  of  the  signal  spectra  and  for 
consistency  does  not  require  the  noise  spectrum  either.  However,  it 
is  more  efficient  if  the  noise  spectrum  is  known. 

(b)  Numerically  it  is  very  stable. 

(c)  The  asvmtotic  variance  does  not  depend  upon  the  higher-order  moments 
of  the  signals  or  noise. 

The  proofs  of  consistency  and  the  central  limit  theorem  for  this  and  the 
previous  estimators  will  be  available  in  a forthcoming  paper. 

There  remain  several  interesting  points  about  this  estimator  to  be 
clarified.  Even  if  one  has  estimates  of  the  signal  spectra,  it  would 
probably  still  be  preferable  to  use  equation  (10)  since  it  is  consistent 
whether  the  estimates  are  good  or  not.  It  seems  that  the  method  for 
incorporating  this  extra  information  into  equation  (10)  would  be  to  replace 
the  term  f " by  a different  weight  function. 

4.  DISCUSSION 

There  is  a slight  problem  with  all  of  these  estimators  in  that  the  surface 
to  be  maximised  has  a large  number  of  secondary  maxima,  analogous  to  the  sidelobes 
of  an  array  used  in  the  conventional  way.  This  is  most  noticeable  when  the 
signals  have  most  of  their  power  in  a narrow  spectral  band  and  can  be  largely 
overcome  by  choosing  the  weight  function  so  as  to  lessen  the  effects  of  these 
bands . 

A few  comments  seem  required  on  the  extension  of  these  estimators  to  more  than 
two  signals.  It  is  obvious  that  estimators  obtained  by  maximising  equation  (6) 
can  handle  an  arbitrary  number  of  signals  for  a given  sized  array.  However 
there  would  be  computational  problems  and  with  more  signals  the  knowledge  of  the 
spectra  would  have  to  be  still  more  accurate. 

Estimators  of  the  last  type  can  only  handle  a maximum  of  p-1  signals,  this 
limit  being  set  by  the  number  of  degrees  of  freedom  being  used  to  estimate  the 
amplitude  and  phase  of  each  signal. 

There  seems  to  be  an  intermediate  class  of  estimators  or  problems  where  the 
spectra  are  not  known,  but  they  can  be  assumed  to  be  in  some  sense  smooth.  In 
this  case  the  limit  of  p-1  could  be  passed.  This  would  be  of  most  use  with  two 
element  arrays. 
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MAXIMUM  ENTROPY  SIGNAL  PROCESSING 

Dr.  D.A.  Gray,  Weapons  Research  Establishment,  Salisbury, 
South  Australia,  5108 


SUMMARY 

The  theory  of  beamforming  for  a linear  array  with  equispaced  receivers  can  be 
shown  to  be  equivalent  to  time  series  spectrum  analysis.  A new  technique  of 
spectrum  analysis  has  been  developed  by  J.P.  Burg  which  estimates  the  data 
outside  the  observation  interval  whilst  imposing  the  least  constraints.  This  is 
known  as  the  maximum  entropy  extension  and  may  be  applied  to  beamforming. 

A theoretical  derivation  and  discussion  of  the  maximum  entropy  technique  is 
given,  with  results  of  its  application  both  to  beamforming  and  time  series 
analysis . 
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1.  INTRODUCTION 

In  conventional  spectrum  analysis  of  a time  series,  the  data  are  accumulated 
over  a finite  observation  interval.  An  implicit  assumption  is  usually  made 
that  values  outside  the  observation  interval  are  identically  zero.  This  often 
limits  the  resolution  of  features  of  interest  and  distorts  estimates  of  the 
power  spectrum.  A new  technique  for  spectrum  estimation  has  been  proposed  by 
J.P.  Burg(ref. 1,2)  which  overcomes  these  limitations  by  extrapolating  either  the 
data  or  the  auto-correlation  function  outside  the  observation  interval.  The 
least  constraints  are  imposed  on  this  extrapolation  and  the  resulting  spectrum 
has  been  termed  the  maximum  entropy  (M.E.)  spectrum. 

A number  of  reports  in  the  1 iterature (ref . 3,4,5)  have  demonstrated  the 
superiority  of  the  maximum  entropy  method  (M.E.M.)  over  conventional  techniques 
when  the  periodicities  of  interest  are  of  the  same  order  as  the  observation 
interval.  These  reports  have  used  the  M.E.M.  for  spectrum  estimation.  In 
addition,  a technique (ref .2) , based  on  minimizing  the  average  power  output  of  the 
associated  prediction  error  filter,  is  used  to  estimate  the  autocorrelation 
function.  In  this  paper  the  results  are  presented  of  an  alternative  application 
of  the  M.E.M.  to  acoustic  data  using  a technique  proposed  by  Radar(ref.6)  to 
estimate  the  autocorrelation  function. 

For  a linear  array,  frequency  domain  beamforming  is  essentially  the  formation 
of  the  wave-number  spectrum,  and  for  equi -spaced  receivers  the  estimation  of  the 
wave-number  spectrum  is  analogous  to  the  estimation  of  the  power  spectrum  of  a 
time  series.  Some  preliminary  results  from  using  this  analogy  to  form  the 
maximum  entropy  wave-number  spectrum  are  discussed  in  the  Section  4. 


2.  DERIVATION  OF  THE  MAXIMUM  ENTROPY  SPECTRUM 

The  concept  of  entropy  originated  in  thermodynamics  as  a measure  of  heat  and 

then,  more  generally,  as  a measure  of  the  disorder  of  a system.  It  was 

introduced  into  communication  theory  by  Shannon (ref . 7)  who  associated  it  with  a 

measure  of  the  information  of  a communication  channel.  Since  entropy  is  a 

measure  of  disorder,  the  extrapolation  chosen  should  maximize  the  entropy,  thus 

ensuring  that  the  least  constraints  consistent  with  the  observed  data  have  been 

imposed  on  the  system.  The  application  of  this  principle  to  spectrum  analysis 

can  be  effected  in  two  equivalent  ways,  since  entropy  can  be  defined  in  terms 

either  of  the  autocorrelation  function  or  of  the  spectrum.  Throughout  this 

section  we  assume  that  the  sampled  autocorrelation  function  has  been  estimated 

from  the  data,  i.e.,  r.  = / x.  x^  .b  where  x.  is  the  i-th  sample  and  < b denotes 

j N t t- j i r Ny 

some  sort  of  averaging. 

2.1  The  maximum  entropy  extension  of  the  autocorrelation  funct ion (ref . 8) 

Assuming  the  equisampled  time  series  to  be  an  N-th  order  Gaussian  process, 
the  entropy  (1^)  is  given  by (ref. 7) 


»M  = ln(27r  e)‘  Ifijjl 


where  1^,  the  Toeplitz  covariance  matrix  of  the  time  series,  is  given  by 
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rN-1  rN-2 


Let  r^  be  the  extrapolation  of  the  autocorrelation  function  by  one  lag. 

The  expression  for  the  entropy  HN+1  is  now  a quadratic  function  of  r^ 

and  by  choosing  r^  so  as  to  maximize  H^+j,  i.e.,  setting 

9lL.  i 
N+ 1 

— = 0,  a unique  solution  for  the  maximum  entropy  extension  of  the 
N 

correlation  sequence  is  obtained.  Continuing  this  process  for 
^N+l’  ^N+”  ‘ > etc->  the  autocorrelation  function  can  be  extended 

indefinitely  and  the  M.E.  spectrum  obtained  as  the  Fourier  transform  of 
this  extended  sequence. 

The  results  of  a comparison  of  the  Fourier  and  maximum  entropy  extra- 
polations of  16  samples  of  the  autocorrelation  function  r^  = -•  5^ 

+ cos  2ff  are  shown  in  figure  1.  This  is  the  ideal  correlation  function 

of  a 1 Hz  sine  wave  in  white  noise  with  a signal- to-noise  ratio  of  10  log 
a 

■j  dB.  In  all  graphs,  the  spike  at  the  origin  due  to  the  white  noise 

component  (i.e.,  —6.^)  has  been  suppressed  to  improve  the  presentation. 

Figures  1(b),  1(c)  and  1(d)  are  the  M.E.  extrapolations  to  16  times  the 
original  time  interval,  with  values  for  a of  10,  1 and  0.5  respectively. 

The  maximum  entropy  extension  appears  to  be  modulated  by  an  exponential 
decay  whose  time  constant  is  inversely  proportional  to  the  signal-to-noise 
rat io . 

2.2  Maximum  entropy  spectrum  estimation 

The  maximum  entropy  spectrum  may  be  obtained  directly  from  the  power 
spectrum  S(f)  by  noting(ref . 7)  that  the  entropy  H is  given  by  the  equation 

H - f in  S(f)  df 
' w 

where  W is  the  bandwidth. 

It  can  be  shown  (see  reference  9)  that  if  H is  maximized  subject  to  the 
constraint  that 


S(f)e 


2trifj  t 


df  = T.,  j = 0,1. ...N-l, 


where  t ^ is  the  sampling  interval,  then  the  M.E.  spectrum  is  given  by 
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SCO  = 


N 


3=0 


In  the  above  equation  7=1  and  the  remaining  T.'s  and  P„  are  solutions  of 

o 3 N 


N-l 


R . . 7 - = P.r  5i  o . 

13  j N ° ’ 


j=0 


where  6jo  = Ui  0l  . 


Since  is  a Toeplitz  matrix  (i.e.,  R.j  = r,  . _j|),  use  may  be  made  of 
efficient  algorithms (ref . 10)  for  the  solution  of  this  equation. 


3.  APPLICATION  TO  TIME  SERIES  ANALYSIS 

To  implement  the  techniques  outlined  above,  an  estimate  of  the  autocorrelation 
lags  ro,r^ , . . . ,r^_ j must  be  obtained  from  the  data.  Burg(ref.2)  has  proposed  a 

technique  which,  by  utilizing  the  relationship  between  maximum  entropy  spectrum 
analysis  and  the  theory  of  predictive  error  filteringfref  11),  allows  the  y's  to 
be  estimated  directly.  This  technique  has  been  successfully  used  and  reported 
in  the  literature (ref , 3) . The  technique  uses  the  whole  data  sequence  to  estimate 

the  7.'s  and  the  number  of  7's  estimated  is  recommended (ref . 3)  to  be  less  than 
J J 

15%  of  the  data  block.  In  applications  of  this  type,  however,  relatively  few 
data  samples  are  in  general  used  to  estimate  the  power  spectrum  and  consequently 
both  the  M.E.M.  and  conventional  methods  will  have  a large  variance  associated 
with  the  estimate  of  the  power  spectrum. 

It  is  well  known  that  if  there  is  a large  number  of  data  samples,  the  variance 
of  an  estimator  can  usually  be  reduced  by  subdividing  the  data  series  into  blocks 
and  then  averaging  the  estimates  over  these  blocks.  The  remainder  of  this 
section  will  be  devoted  to  demonstrating  that  the  M.E.M.  still  shows  considerable 
improvement  over  conventional  analysis  when  used  in  this  mode. 

There  are  two  main  ways  in  which  the  M.E.M.  can  be  applied  to  long,  segmented 
data  sequences.  The  first  is  to  form  the  spectrum  directly  for  each  block  by 
the  methods  indicated  in  reference  2 and  then  to  obtain  a resultant  spectrum  as 
the  average  of  each  block  spectra.  This  approach  is  not  considered  in  this 
paper.  The  approach  adopted  here  is  to  estimate  the  autocorrelation  function 
for  each  block  and  then  to  average  these  autocorrelations  to  obtain  an  improved 
statistical  estimate  of  the  autocorrelation  function.  The  M.E.  spectrum  is 
then  obtained  from  this  autocorrelation  function  by  the  method  described  in 
Section  2.2. 

Before  describing  the  application  of  this  to  real  data,  some  subtleties 
encountered  in  the  estimation  of  the  autocorrelation  function  will  be  described. 
The  common  method  of  zero  filling  each  block,  convolving  it  with  itself  and  then 
averaging  the  resultant  convolutions  is  shown  in  figure  2.  However  the  auto- 
correlation function  obtained  by  this  method  is  not  unbiased  but  is  distorted  by 
a triangular  or  Bartlett  window  function.  The  unsuitability  of  using  this 
distorted  autocorrelation  function  for  the  estimation  of  the  M.E.  spectrum  is 
shown  in  figure  3.  The  M.E.  spectrum  resulting  from  applying  a triangular 
window  to  the  theoretical  autocorrelation  of  a sine  wave  in  white  noise  shows 
artifacts  such  as  the  splitting  of  spectral  lues. 
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In  order  to  overcome  these  diffieulti  s,  a technique  proposed  by  Rader  has 
be^n  used  to  estimate  the  autocorrelation  function.  The  method  is  indicated 
diagrammaticaily  in  figure  4 and  involves  the  convolution  of  two  contiguous 
blocks  with  the  first  of  the  blocks  zero  filled.  This  produces  an  unbiased 
estimator  with  the  same  variance  for  all  lags.  The  convolution  is  efficiently 
implemented  by  use  of  the  Fast  Fourier  Transform. 

Comparisons  of  conventional  and  M.E.  spectrum  analyses  using  the  techniques 
outlined  above  are  shown  in  figures  5 to  9.  In  figure  5(a),  512  lags  of  the 

autocorrelation  function  of  a 20  Hz  sine  wave  mixed  with  band-limited  white  noise 
have  been  estimated  from  5120  samples  by  splitting  the  data  into  10  blocks. 

Using  64  lags  of  the  autocorrelation  function,  the  spectra  in  figures  5(b)  and 
5(c)  were  obtained.  Relative  to  the  height  of  the  main  peak  the  M.E.M. 

(figure  5(c))  has  reduced  the  variance  of  the  noise  and  eliminated  the  sidclobes 
associated  with  the  Fourier  estimate  (figure  5(b)).  The  widths  of  the  main 
peaks  have  also  been  decreased. 

Figures  6 and  7 are  the  results  of  analysis  of  typical  samples  of  noise 
radiated  underwater  by  the  propellers  and  machinery  of  ships.  Using  20  blocks 
of  512  samples,  512  lags  of  the  autocorrelation  function  have  been  estimates  in 
figure  6(a)  where  a large  spike  at  zero  lag  due  to  white  noise  has  been  reduced 
by  a factor  of  five  for  presentation.  Applying  a Bartlett  window  to  the  ful i 

512  lags  in  figure  6(a),  the  spectrum  figure  6(b)  was  obtained.  Using  128  lags 
of  this  correlation  function  the  Fourier  and  maximum  entropy  spectra  have  been 
calculated  and  are  shown  in  figures  7(a)  and  7(b)  respectively.  Besides 
eliminating  to  a large  extent  the  noise  fluctuations  and  the  ripple  which  are 
present  in  the  Fourier  spectrum,  the  M.E.M.  has  demonstrated  quite  clearly,  by 
virtue  of  its  greater  resolution,  that  the  135  Hz  spectral  line  is  not  a singlet 
but  is  in  fact  a doublet.  Figure  7(c)  shows  that  the  conventional  approach  of 
applying  a window  (in  this  case  a Bartlett  one)  to  128  lags  in  order  to  reduce 
the  sidelobe  structure  so  broadens  the  beamwidth  that  the  splitting  of  the  135  Hz 
line  is  no  longer  discernible.  As  can  be  seen  from  figure  6(b)  the  splitting 
indicated  by  the  M.E.M.  is  not  an  artifact. 

In  figure  8(a),  25  blocks  each  of  512  samples  have  been  used  to  estimate  512 
lags  of  a heavily  modulated  sine  wave  once  again  produced  by  shipping  noise. 
Figure  8(b)  is  the  conventional  spectrum  using  the  full  512  samples  to  indicate 
the  modulation  and  additional  lines.  Using  only  64  samples  of  the  autocorrela- 
tion function,  figures  9(a)  and  9(b)  demonstrate  the  ability  of  the  M.E.M.  to 
resolve  the  spectrum  into  the  appropriate  components.  In  particular,  the 
M.E.M.  has  reduced  the  sidelobe  structure  so  as  to  identify  the  lines  between 
200  and  600  Hz. 


4.  MAXIMUM  ENTROPY  BEAMFORMING  AND  ITS  APPLICA  ON 

For  a linear  array  of  N equi-spaced  receivers  (separated  a distance  d apart) 
an  estimate  of  the  frequency  wave-number  spectrum  is  obtained  from(ref.l2) 
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Tj  (f  ) 


then 


N-j-1 


(1) 


i=0 


y(0,f)  = 


N-l 

'N  r.(f)  e 


/ 

-N+ 1 


-2Jrikd 


The  above  is  an  implementation  of  a general  result  that,  for  a narrow-band 
plane  wave-front  signal,  the  wave-number  spectrum  is  the  Fourier  transform  of 
the  autocorrelation  function  of  the  spatial  distribution  of  the  signal.  In 
the  above  equation  the  assumption  has  been  made  that  the  autocorrelation  is  zero 
outside  the  array  aperture.  This  is  analogous  to  assuming  in  conventional 
Fourier  analysis  of  time  series  that  the  autocorrelation  function  is  zero  out- 
side the  observation  interval. 

By  exploiting  the  analogy  between  time  series  analysis  and  beamforming  for  a 
linear  array,  the  principle  of  maximum  entropy  may  be  used  to  estimate  the 
correlation  sequences  outside  the  array  aperture.  In  terms  of  implementation  of 
acoustic  arrays,  especially  at  low  frequencies,  if  the  M.E.M.  can  be  shown  to 
reliably  extrapolate  the  data  to,  say,  twice  the  array  length,  then  this  can 
offer  considerable  savings  and  benefits. 

If  the  process  whose  wave-number  spectrum  is  to  be  estimated  can  be  assumed 
to  be  spatially  stationary,  i.e.,  the  autocorrelation  r(x.,  x ) is  a function  of 

x ^ - x • only,  then  the  M.E.  wave-number  spectrum  for  a line  array  of  equi-spaced 

samples  may  be  derived  in  a manner  analogous  to  the  time  series  case.  If  r (f) 

P 

is  an  estimate  of  the  spatial  correlation  at  a frequency  f and  a separation  of 
pd,  then  the  M.E.  spectrum  (B(0,f))  is  given  by 


where  BT  = PN  6j  0 , 


B(0,f) 


N-l 


j=0 
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R.  . 

ij 


r . 

i-J 


and 


,T 

o 


1 5l»)  • 
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An  alternative  formulation  of  the  M.E.  wavenumber  spectrum  is  given  in 
reference  13  where  the  assumption  of  spatial  stationarity  is  not  used.  The 
spectrum  in  this  case  is  also  given  by  equations  (2)  and  (3)  but  the  matrix  R 
is  no  longer  Toeplitz.  It  is  important  to  realize  the  potential  differences  in 
an  implementation  of  these  two  derivations.  In  the  latter  case  R..  is  given  by 


WRE-MISC-1 


147 


Ri j (f)  - <x|(f)xj(f)> 


whereas  in  the  approach  adopted  in  this  section  R 


tj 


r . 
i-J 


is  given  by 


r.(f) 


N 

N-j 


N-j-1 


i=0 


(4) 


In  the  limiting  case  where /represents  ensemble  averages  and  the  X's  are 
spatially  stationary,  then  the  two  techniques  are  identical.  In  other  cases 
the  resulting  M.E.  spectra  will  in  general  be  difficult. 

Since  the  array  is  fixed  in  space  the  technique  used  in  Section  3 cannot  be 
used  to  estimate  the  spatial  correlation  function.  Instead  an  estimate  of  the 
spatial  correlation  function  is  obtained  using  equation  (1).  The  convolution 
expressed  by  equation  (1)  as  discussed  in  Section  3 gives  rise  to  a Bartlett 
window  and  is  inherent  in  any  conventional  delay  and  sum  beamformer. 

One  method  of  overcoming  this  difficulty  is  to  remove  the  Bartlett  weighting 


by  premultiplying  with  the  factor  : as  shown  in  equation  (4). 


Unfortunately 


this  increases  the  variance  of  the  estimates  of  r^  (f)  for  j large  in  comparison 


with  that  for  j relatively  small  and  is  probably  the  source*  of  the  spikes  which 
degrade  the  M.E.  spectrum  if  the  total  number  of  lags  of  the  correlation 
sequence  is  used.  A brute  force  way  of  alleviating  this  problem  is  to  use  only 
a portion  of  the  available  lags  in  equation  (2)  to  determine  the  prediction  error 
coefficients . 

As  an  example  of  these  considerations  the  M.E.  wave-number  spectrum  of  a 
32-element  linear  array  has  been  calculated  at  a frequency  corresponding  to 
0.56  X.  Twenty  integrations  have  been  effected  to  improve  the  estimate  of 
r^(f)  and  the  M.E.  spectrum  resulting  from  using  32,  16,  8 and  4 of  the 

available  32  lags  are  shown  in  figure  10.  The  corresponding  conventional 
spectrum  with  a Bartlett  window  using  the  full  32  lags  is  shown  in  figure  11. 

The  improved  resolution  of  the  M.E.M.  is  apparent  but  unfortunately,  as  the 
number  of  available  lags  is  increased,  spurious  peaks  are  introduced  until,  at 
32  lags,  the  technique  breaks  down.  Using  only  a portion  of  the  available  lags 
is  not  a wholly  satisfactory  approach  and  further  work  investigating  the 
application  of  Burg's  techn ique (ref . 2)  to  wave-number  spectrum  and  alternative 
approaches  to  the  problem  is  presently  being  considered. 


5.  CONCLUDING  REMARKS 

The  superiority  of  the  M.E.  technique  over  conventional  analysis  has  been 
demonstrated  for  both  spectrum  analysis  and  beamforming.  However,  the 
advantages  resulting  from  the  M.E.M.  may  be  eroded  if  particular  care  is  not 
taken.  Investigations  into  methods  for  understanding  the  difficulties 
associated  with  the  M.E.  technique  are  needed. 


* The  M.E.M.  can  be  considered  as  a least-squares  fit.  of  an  all-pole  model  to 
the  data(ref.8)  and  as  the  number  of  lags  of  the  autocorrelation  function  is 
increased  then  the  poles  increase  in  number  and  approach  the  unit  circle(ref.5) . 
The  relatively  large  variance  of  some  of  the  lags  because  of  the  proximity  of 
the  poles  to  the  unit  circle  can  then  make  the  spectrum  unstable. 
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Figure  2 


Figure  2.  Segmenting  the  data  and  estimation  of  the  correlation 
sequence  with  a triangular  weighting 
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Figures  7(a),  (b)  f)  (c) 
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Figure  7(a).  Fourier  spectrum  using  128  lags  of  figure  6(a) 


Figure  7(b).  Maximum  entropy  spectrum  using  128  lags  of  figure  6(a) 


Figure  7(c).  Bartlett  spectrum  using  128  lags  of  figure  6(a) 
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Figures  8 (a; 


Figure  8(a).  Autocorrelation  function  of  ship  noise  (512  lags) 
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Figure  8(b).  Bartlett  spectrum  using  512  lags  of  figure  8(a) 
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A FLEXIBLE  TINE  DOMAIN  BE AM FORMER 
P.C.  Drewer,  Weapons  Research  Estab1 ishment , Salisbury 


SUMMARY 

A processor  architecture  is  described  which  enables  bean  to  be  torraed 
data  froTii  a variety  of  acoustic  arrays.  While  a general  purpose  computer  satis- 
fies the  requirement  for  flexibility,  it  is  shown  that  the  speed  limitation  is 
particularly  severe.  However,  by  the  choice  of  a suitable  architecture  based 
on  the  operations  required,  and  by  performing  operations  in  parallel  rather  than 
sequentially,  a significant  speed  increase  is  possible,  while  still  retaining 
a large  measure  of  independence  from  the  array  geometry. 
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1 . INTRODUCTION 

The  principle  of  time-domain  beamforming  is  well  known;  viz.,  that  if  a plane 
wave  front  is  incident  upon  an  array  of  receiving  elements,  then  a set  of  time 
delays  can  be  calculated  for  any  direction  of  signal  arrival  which,  when  applied 
to  the  receiver  outputs,  causes  them  to  be  in  phase  and  to  reinforce  when  added 
together.  The  resultant  angular  response  to  signals  arriving  from  other  than  the 
nominated  direction  is  then  a function  of  the  array  geometry,  relative  to  the 
signal  wavelength,  and  any  weighting  factors  which  may  be  applied  to  the  receiver 
outputs.  The  effect  is  to  generate  a main  receiving  beam  in  the  desired  direct- 
ion, with  a series  of  undesired  subsidiary  sidelobes  whose  magnitude  can  be 
controlled  to  some  extent  by  the  choice  of  a suitable  array  geometry  and  the  use 
of  some  amplitude  weightings  on  the  receiver  outputs.  The  direction  of  arrival 
of  a signal  can  be  determined  by  simultaneously  generating,  in  a processor,  a 
succession  of  overlapping  main  beams,  thus  giving  a measure  of  the  received 
signal  intensity  as  a function  of  azimuth. 

Variable  delays,  required  for  the  beamforming  process,  are  difficult  to 
implement  using  analog  techniques.  However,  if  the  receiver  outputs  are  sampled 
and  digitized,  time  delays  in  increments  of  the  sampling  interval  are  readily 
obtainable.  Other  advantages  which  follow  from  the  use  of  digital  techniques 
include  increased  accuracy  and  freedom  from  drift.  Conceptual ly , the  digital 
equivalent  of  a variable  delay  line  would  be  a shift  register  (or  a series  of 
shift  registers,  one  for  each  bit  in  the  data  sample),  with  each  stage  selectable 
by  logic  so  as  to  enable  the  required  delay  to  be  implemented.  The  complexity 
of  this  approach  is  considerable,  not  the  least  problem  being  that  of  physically 
accessing  each  shift  register  stage. 


2.  A FLEXIBLE  BEAMFORMhR 

Practical  arrays  frequently  possess  some  form  of  symmetry,  and  for  these  it 
may  be  possible  to  devise  a simplified  processor  which  takes  advantage  of  the 
symmetrical  properties.  However,  such  a processor  would  not  in  general  be  of 
any  use  for  other  arrays.  It  was  therefore  felt  that  there  was  a need  for  a 
processor  which  could  form  beams  using  data  from  a variety  of  arrays  either 
already  in  existence  or  being  contemplated,  and  which  therefore  could  not  depend 
on  using  array  symmetry.  In  addition  the  processor  should  be  able  to  handle 
signals  with  multilevel  quantization  and  to  provide  array  shading.  Although 
the  processor  was  primarily  intended  for  processing  hydrophone  data,  it  would 
be  applicable  to  a wide  variety  of  low-frequency  arrays. 

More  detailed  requirements  of  the  processor  were  as  follows: 

i Hat  i bandwidth  to  be  limited  to  2 kHz,  with  a sampling  rate  of  8 kHz, 
giving  a maximum  phase  error  (due  to  time  quantization)  of  *45  at  the 
highest  frequency. 

(b)  The  number  of  receivers  to  be  32  or  less. 

(c)  The  signal  propagation  time  across  the  array  to  be  32  sample  intervals 

or  less. 

(d)  The  number  of  beams  to  be  formed  to  be  less  than  64. 

(e)  The  data  precision  to  be  typically  4 bits,  but  capable  of  expansion. 

Apart  from  speed  requirements,  the  obvious  candidate  for  a flexible  processor 
is  a general  purpose  computer.  By  allocating  one  sample  per  word,  the  data 
precision  requirement  could  be  satisfied,  even  after  beamforming,  by  a 16-bit 
minicomputer.  Rather  than  attempting  to  simulate  the  shift  register  effect 
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directly  by  moving  the  data  within  the  computer,  it  would  be  preferable  to  set  up 
a "circular"  buffer  of  32  samples  per  receiver  (i.e.,  IK  samples  total),  wherein 
the  most  recent  receiver  sample  would  overwrite  the  oldest  sample  in  the 
appropriate  buffer.  The  delays  are  then  relative  to  the  current  value  of  the 
buffer  pointer  (which  is  common  to  each  receiver),  the  computation  being  carried 
out  modulo  32  (the  length  of  each  buffer). 

In  addition  to  storing  32  samples  from  each  receiver,  a table  of  delays  would 
need  to  be  stored  whose  size  is  the  product  of  the  number  of  receiver  outputs 
used  to  generate  each  beam  and  the  number  of  beams  formed,  i.e.,2K  words  maximum. 

The  steps  required  to  generate  one  beam  are  as  follows: 

- Fetch  the  delay 

- Add  the  pointer 

- Mask  out  all  but  lowest  5 bits 

- Add  receiver  base  address  and  fetch  data 

- Add  to  beam  accumulator 

- Step  on  to  next  base  address 

- Test  for  steps  completed 


The  number  of  machine  cycles  required  depends  somewhat  on  the  processor 
architecture;  e.g.,  the  number  of  working  registers,  auto-increment  and  indexing 
facilities,  etc.  For  a reasonably  powerful  machine,  this  could  be  done  in  ten 
cycles.  'Ibis  has  to  be  repeated  for  each  receiver  and  for  each  beam  formed, 
i.e.,  a total  of  about  20,000  cycles.  Although  a new  frame  of  32  receiver 
samples  appears  every  125  /^s,  it  is  only  necessary  to  form  a set  of  beams  everv 
250  ps.  (The  8kHz  sampling  rate  is  only  required  to  reduce  the  time 
quantization  effects,  but  so  far  as  the  information  content  of  the  signals  is 
concerned,  this  is  preserved  by  generating  beams  at  a 4 kliz  rate  if  the  receiver 
outputs  have  been  previously  bandlimited  to  2 kHz).  Thus  it  can  be  seen  that 
a cycle  time  of  around  12  ns  would  be  required,  which  is  about  25  to  100  times 
faster  than  most  currently  available  small  computers. 


3.  A HARDWARE  CONFIGURATION 

In  a general  purpose  computer  the  steps  in  the  beamforming  operation  referred 
to  above  are  carried  out  sequentially.  However,  in  a hardware  implementation, 
they  can  be  performed  in  parallel.  If  a "pipeline"  structure  is  used,  a full 
120  ns  is  available  for  each  step. 

Figure  1 is  a simplified  diagram  of  a hardware  processor,  but  included  is 
provision  for  a shading  multiplier  for  weighting  the  individual  receiver  outputs 
prior  to  beamforming.  Assuming  that  the  data  store  contains  32  previous  samples 
from  each  of  the  receivers  to  be  processed,  and  that  the  delay  table  has  been 
preset  with  the  information  required  for  beamforming,  the  operation  is  as  follows 

(a)  At  the  end  of  the  previous  beam  operations,  the  accumulator  is  strobed 
into  the  output  buffer  and  the  accumulator  is  then  cleared. 

(b)  The  step  counter  is  incremented  by  the  system  clock  and  the  next  control 
word  is  read  out  of  the  delay  table.  (As  well  as  providing  the  delay, 
the  control  word  supplies  the  shading  multiplier  to  be  applied,  the 
current  receiver  being  accessed,  an  indicator  as  to  whether  this  step  is 
the  last  step  in  the  formation  of  a beam,  and  a frame  end  indicator  to 
show  whether  this  was  the  last  beam  to  be  formed  on  the  current  frame  of 
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data.  The  current  receiver  information  may  be  required,  as  in  some 
systems  the  actual  receiving  elements  used  for  beamforming  may  be  a 
function  of  frequency.  If  this  option  is  not  required,  the  current 
receiver  address  bits  can  be  replaced  by  a counter.) 

(c)  The  delay  is  subtracted  from  the  current  sample  pointer,  and  the  result, 
modulo  32  (i.e.,  5 bits)  is  combined  with  the  current  receiver  address 
(5  bits)  to  give  the  10-bit  data  address. 

(d)  The  sample  selected  is  read  from  the  data  store,  multiplied  by  the 
shading  multiplier,  and  added  to  the  accumulator,  which  is  building  up 
the  beam  output . 

(e)  The  steps  (b)  to  (e)  are  repeated  until  the  "beam-end"  bit  is  set  in 
the  control  word,  whereupon  step  (a)  is  repeated,  and  the  beam  counter 
incremented. 

(f)  Successive  beams  are  then  formed  by  repeating  the  previous  steps,  until 
the  "frame  end"  bit  appears  in  the  control  word,  signifying  that  all 
beams  have  been  formed,  and  that  the  processor  is  ready  for  the  next 
frame  of  data.  The  beam  counter  and  step  counter  are  also  reset  at  this 
stage,  and  the  current  sample  pointer  is  incremented. 

The  loading  of  the  next  frame  of  data  can  now  take  place,  using  much  of  the 
logic  already  provided.  The  frame  loaded  actually  consists  of  two  sets  of 
receiver  samples,  the  beamforming  operation  being  necessary  at  only  half  the 
data  sampling  rate.  It  is  assumed  that  the  data  frames  are  externally  buffered. 
The  loading  operation  takes  place  as  follows.  Beam  counter  state  zero  is 
recognized  as  a "new  frame"  mode  and  the  data  store  is  set  into  the  write  mode. 
The  current  sample  pointer  was  previously  incremented  by  two  relative  to  the 
delay  selection  logic  (the  current  sample  pointer  being  the  upper  4 bits  of  a 
5-bit  word),  and  two  samples  per  receiver  are  written  in  (with  successive  delays 
of  1 and  0).  (The  current  receiver  and  least  significant  bit  of  the  delay, 
i.e.,  6 bits  total,  are  available  for  addressing  the  external  buffer.)  After 
64  steps  of  the  step  counter,  the  loading  is  complete,  the  beam  counter  is 
incremented  to  1,  the  data  store  reverts  to  the  read  mode,  and  beamforming 
recommences. 

The  delay  table  can  be  similarly  set  up  by  forcing  it  into  the  write  mode, 
supplying  the  delays  externally,  and  stepping  through  with  the  step  counter. 

In  effect  the  contents  of  the  delay  table  can  be  regarded  as  a primitive  form  of 
program  supplying  instruction  words  to  the  rest  of  the  processor  to  enable  it 
to  process  signals  from  the  particular  array  in  question. 

It  can  be  seen  that  the  use  of  random  access  memory  in  place  of  shift 
registers  for  delays  has  circumvented  the  variable  tap  point  problem,  as 
access  to  all  locations  is  implicit  in  the  nature  of  the  devices.  The  word 
length  of  the  data  store  is  determined  by  the  sample  precision  required,  and 
can  be  varied  readily.  Five  bits  extra  precision  should  be  allowed  in  the 
adder/accumulator  network  to  allow  for  growth  of  the  results.  It  can  also  be 
seen  that  some  simplification  has  been  introduced  in  the  addressing  logic 
(mainly  the  modulo  arithmetic)  by  making  the  number  of  samples  stored  per 
receiver  a power  of  2. 

For  reasons  of  simplicity,  the  processor  block  diagram  does  not  indicate  the 
presence  of  buffer  registers  required  for  "pipeline"  processing,  but  rather  it 
implies  that  the  total  of  all  operations,  starting  with  the  incrementing  of 
the  step  counter  and  ending  with  the  updated  beam  total  in  the  accumulator, 
take  place  within  one  clock  interval.  In  practice  this  is  not  necessary.  By 
providing  buffer  registers  in  appropriate  places,  each  operation,  e.g., 
incrementing,  additions,  multiplications,  memory  accesses,  etc.,  can  each  be 
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allowed  to  take  up  to  the  full  system  clock  period,  t lie  final  result  appearing 
several  clock  intervals  later  than  would  otherwise  be  the  case,  but  still  main- 
taining the  same  overall  processing  rate.  In  effect  each  step  then  proceeds  in 
parallel  rather  than  sequentially. 


4.  IMPLEMENTATION 

A prototype  processor  has  been  constructed  by  Mr  M.  Heigl*.  Although  there 
are  minor  implementation  differences,  the  general  philosophy  follows  that  out- 
lined in  this  paper. 


5.  CONCLUSIONS 

A general  purpose  computer  is  unsuitable  for  beamforming  signals  from  acoustic 
arrays  with  many  elements  in  real-time.  However  it  is  possible  to  make  a 
compromise  between  the  flexibility  of  a general  purpose  computer  and  the  speed 
and  economy  of  a hardwired  processor  designed  for  a particular  array.  For 
relatively  little  increase  in  complexity,  it  is  possible  to  build  a processor 
capable  of  handling  data  from  a variety  of  arrays. 


The  processor  was  demonstrated  at  the  Symposium. 
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TROPOSPHERIC  MULTIPATH  PROPAGATION  ANALYSIS 
USING  A MICROWAVE  HOLOGRAPHIC  ARRAY 

J.M.  Burton  and  J.V.  Murphy,  Australian  Telecommunications  Commission, 
Research  Laboratories,  Melbourne,  Victoria 


S U M M A R Y 

The  paper  describes  an  experiment  to  measure  multipath  propagation  on  a 
1 ine-of-sight  microwave  radio  path.  The  instrumentation  employs  a vertical 
array  illuminated  by  distant  and  reference  transmitters  as  in  holography  to 
determine  the  amplitude  and  angle  of  arrival  of  the  component  rays. 

The  analysis  algorithm  interprets  the  received  field  as  the  solution  to  a 
differential  equation  to  which  the  data  is  fitted  by  minimum  mean-square-error 
approximation.  It  is  then  possible  to  solve  the  corresponding  algebraic  equation 
whose  roots  are  the  required  angles  of  arrival  of  the  component  rays:  the 
amplitude  can  be  determined  by  functional  analysis.  Simulations  indicate 
significantly  better  resolution  than  conventional  techniques. 


L 
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1.  INTRODUCTION 

Microwave  radio  systems  form  a substantial  part  of  the  Australian  Telecommunic- 
ations Commission  trunk  network.  To  date  this  network  has  been  based  on  the  use 
of  frequency-modulation  frequency  division  multiplex  systems. 

In  the  future  however,  an  increasing  proportion  of  overseas  networks (ref . 1)  is 
expected  to  be  digital.  Because  of  the  continuing  development  of  such  systems  by 
manufacturers  vis-a-vis  the  more  frozen  state  of  analogue  system  design,  such 
systems  may  eventually  prove  cheaper. 

When  planning  microwave  systems,  propagation  data  are  required  to  assess  the 
system  reliability.  The  more  comprehensive  the  data,  the  less  over-designed  the 
system  needs  to  be  to  meet  specified  performance  objectives. 

Fading  due  to  rainfall,  subrefraction  or  angle-of-arri val  variations  increases 
the  noise  in  an  analogue  system;  this  in  turn  causes  an  increase  in  error  rate 
in  a digital  system.  Moreover,  1 ine-of-s ight  microwave  links  with  path  lengths 
greater  than  10  km  can  suffer  from  multipath  fading  effects (ref . 2)  due  to  the 
existence  of  a finite  number  of  simultaneous  propagation  paths  between  transmitter 
and  receiver.  These  extra  signal  paths  distort  FM/FDM  signals;  in  the  digital 
case  the  resultant  intersymbol  interference  increases  the  error  rate  - by  an 
amount  dependent  on  the  carr ier-to-noise  ratio. 

Some  telecommunications  administrations  propose  the  transmission  of  co-frequency, 
orthogonally-polarised  signals  using  antennas  with  high  cross-polarisation 
discrimination  to  double  the  capacity  of  digital  systems.  Variations  in  angle 
of  arrival  and  multipath  propagation  will  cause  mutual  interchannel  interference. 

The  statistical  occurrence  and  severity  of  these  effects  is  therefore  of  some 
interest  to  radio  system  designers.  Previously,  measurements  from  antenna  arrays 
have  contributed  information  about  propagation  mechanisms (ref . 3 ,4) . Vertical 

radar  sounding(ref .5)  and  spatial  correlation  studies (ref . 6)  have  also  provided 
answers  to  fundamental  questions  such  as  propagation  path  microstructures. 

The  Research  Laboratories  (Telcom  Australia)  are  implementing  a program  at 
X-band  to  investigate  subrefraction  and  multipath  propagation  on  a 1 ine-of-sight 
path.  The  program  consists  of  two  interleaved  experiments: 

(a)  Data  from  a vertical  array  will  be  analysed  by  computer  to  find  the 
amplitudes  and  angles  of  arrival  of  the  multipath  components. 

(b)  The  X-band  signal  will  be  swept  over  1 GHz  to  determine  the  time  delay 
structure  of  the  multipath  components. 

The  signals  from  the  vertical  array  will  be  coherently  detected  with  sufficient 
phase  stability  to  allow  determination  of  absolute  vertical  angles  and  hence 
calculation  of  the  cumulative  distribution  of  subrefract ive  fading  and  angle  of 
arrival  variations.  The  echo  delays,  which  cause  distortion  or  intersymbol 
interference,  will  be  obtained  by  processing  of  the  frequency  sweep  data. 

In  order  to  remain  within  the  scope  of  the  symposium,  only  the  array  experiment 
will  be  discussed  further,  although  the  signal  processing  techniques  for  both 
experiments  are  identical  at  the  array. 
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2.  EQUIPMENT 


2.1  Design  considerations 

Similar  to  holography,  the  experiment  employs  a large  vertical  array  which 
is  illuminated  by  waves  from  reference  and  distant  transmitters,  as 
illustrated  in  figure  1.  Waves  from  the  distant  transmitter  can  arrive  at 
the  array  by  various  paths  and  an  interference  pattern  or  hologram  is  formed 
across  the  receiving  aperture.  The  complex  fielu  distribution  is  then 
coherently  detected  and  recorded  for  subsequent  computer  analysis.  As 
described  in  Section  3,  the  analysis  algorithm  determines  the  amplitude  and 
angle  of  arrival  of  each  component  wave.  The  design  incorporates  the 
following  features: 

(i)  A reference  transmitter  is  used  to  reduce  phase  shift  caused  by  tower 
motions (ref . 3) ; 

(ii)  The  first  mixer  associated  * n each  receiving  channel  obtains  its 
local  oscillator  drive  from  tne  reference  transmitter; 

(iii)  Adaptive  scanning  of  the  array  using  an  updated  reference  element 
eases  oscillator  coherence  requirements. 

The  test  path  length  d should  be  in  the  range  20  d < 50  km  in  order  to 
obtain  experience  relevant  to  normal  system  paths.  A horizontal  path  is 
desirable  to  allow  angles  of  incidence  at  elevated  layers  to  remain  < 10  mrad. 
This  enhances  the  possibility  of  multipath  mechanisms,  since  it  increases 
the  reflection  coefficient  of  layers  of  given  strength  and  ensures  that  a 
continuous  distribution  of  delays  down  to  zero  delay  will  be  obtained.  A 
constant  ground  reflection  coefficient , as  assumed  by  the  computer  analysis, 
is  required  over  the  effective  reflection  zone.  These  points  imply  a path 
over  level,  uniform  terrain  or  over  the  sea.  Receiver  site  foreground 
reflections  should  be  below  the  system  noise  level  to  minimise  unwanted 
interference  components  across  the  aperture. 

These  requirements  are  basically  satisfied  by  the  Pakenham  - The  Ourdies 
path.  Figure  1 shows  the  profile  of  the  path  and  figure  2 shows  the  location. 

A record  of  the  amplitude  and  phase  of  the  interference  pattern  along  the 
aperture  is  obtained  from  the  vertical  array.  The  distance  6 between  the 
array  elements  complies  with  the  sampling  theory  of  bandlimitcd  signals, 
where  to  avoid  aliasing  errors (ref . 7) , 


6 


max 


X 


2 sin  <t> 

max 


(1) 


where  f 

max 

X 


maximum  spatial  frequency  (cycles/m), 
wavelength  (0.027  m) 


and  <t>  = maximum  angle  of  arrival  measured  from  the  horizontal  axis 

max  , ... 

(see  figure  1) . 

Taking  <t>  as  1 3 mrad,  then  6 < 1.03  m. 

IT)  cl  X 

For  a distant  object,  the  angular  resolution  is (ref. 7): 


<t>  ~ sin  <J> 

o o 


_X 

CL 


(2) 
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where  C = resolution  improvement  factor  (see  Section  3),  assumed  ^10, 
and  L = dimension  of  the  receiving  array  (m) . 

Choosing  <t>  = 0.2  mrad  we  find  L = 15.4  m. 

A receiving  array  consisting  of  16  sensors  with  1 m spacing  satisfies 
equations  (1)  and  (2). 

Tower  motion  produces  an  erroneous  phase  shift  across  the  aperture. 

To  overcome  this(ref.3),  a reference  signal  is  transmitted  1 ine-of-sight 
from  a source  1.5  km  in  front  of  the  receiving  aperture.  This  short  path 
reference  signal  is  quite  stable  compared  to  the  signal  from  the  distant 
transmitter.  It  can  be  shown  that  the  phase  error  due  to  the  motion  of  a 
receiving  sensor  is: 


= Ad  (k  . n - k . n) 


(3) 


where  Ad 
k 


and  n 


horizontal  change  in  sensor  position, 

reference  wave  vector, 

signal  wave  vector, 

unit  vector  normal  to  the  array. 


With  the  reference  transmitter  set  up  as  shown  in  figure  1,  a mast  movement 
of  Ad  = 0.1  m at  the  top  causes  a phase  error  of  44  mrad,  which  is  considered 
acceptable . 

If  two  high  quality  5 MHz  quartz  oscillators  are  used  as  sources,  electronic 
scanning  eliminates  the  need  to  phase  lock  the  Pakenham  transmitter  to  the 
reference.  In  thi'-  v ise,  the  long  term  drifts  are  relatively  unimportant, 
and  the  short  term  fluctuations  are  the  limiting  factor.  From  Van  Trees 
(ref. 8),  the  elapsed  phase  difference  between  the  two  signals  at  X-band, 

A0  , can  be  modelled  as  a simple  Wiener  process,  i.e.. 


var.(A0)  = t/r 


(4) 


where  var.  denotes  variance,  t = scanning  period,  and  r = coherence  time. 

For  A0  < 90  mrad  and  r = 0.5  s,  it  follows  t <4  ms. 

2.2  Implementation 

Figure  3 shows  the  block  schematic  of  the  reference  transmitter.  The 
configuration  of  the  Pakenham  transmitter  is  similar  except  for  its  lower 
ERP  (66  dBm)  and  10  kHz  frequency  offset.  Measurements  of  short-term 
frequency  deviation  at  10.8  GHz  and  residual  FM  noise  at  a 10  kHz  offset 
from  the  carrier,  have  shown  that  negligible  additional  frequency 
fluctuations  are  introduced  by  the  multiplication  chain. 

Initially  the  vertical  receiving  array  will  consist  of  16  X-band  horns 
mounted  on  the  top  16.5  m of  a 76  m mast.  Each  horn  has  a gain  of  23  dBi, 
and  the  half  power  beam  widths  are  about  13°.  Vertical  polarisation  is 
used  to  reduce  unwanted  foreground  reflections  near  the  Brewster  angle 
(ref. 9, 10).  Horns  have  the  advantages  of  being  relatively  cheap  and  simple 
to  manufacture. 

Figure  4 illustrates  an  array  element  receiving  channel.  Each  sensor 
horn  feeds  a two-port  waveguide  "starved  mixer".  The  reference  signal  acts 
as  a low  level  local  oscillator  drive  offset  10  kHz  from  the  Pakenham 
transmitter.  DC  bias  is  used  to  improve  the  mixer's  performance  at  the 
expense  of  noise  figure.  The  amplified  IF  signals  are  then  coherently 
detected.  The  high-quality  10  kHz  oscillator  is  tuneable  allowing  long-term 
frequency  changes  in  the  5MHz  standards  to  be  'nulled'  out.  Scanning  of  the 
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array  is  under  the  control  of  a minicomputer  which  selects  the  required  in- 
phase  and  quadrature  channels  to  be  digitised  and  recorded.  To  reduce 
phase  errors  across  the  aperture  over  a scan  period,  the  minicomputer  selects 
the  sensor  with  the  highest  output  level  from  the  previous  scan.  During  the 
current  scan,  the  scan  order  is  then: 

Si,  sr,  S2  , sr,  Si  & , sr, 

where  S.  denotes  the  ith  sensor,  and  denotes  the  reference  sensor  chosen. 

Differential  phase  values  are  then  calculated  relative  to  the  reference 
sensor.  Figure  5 illustrates  the  10  kHz  phase  error  due  to  mast  movement, 
oscillator  phase  fluctuations  and  coherent  detector  errors. 


3.  DATA  PROCESSING 

Together  with  housekeeping  information,  the  data  is  recorded  on  magnetic  tape 
for  subsequent  processing.  Let  the  complex  voltage  measured  at  height  x on 
the  array  be  denoted  by  v^Cx) , where  the  time-dependence  is  suppressed.  Then  if 

multipath  propagation  occurs  v^fx)  must  be  of  the  form 

K 

v (x)  = rk  e^k  + w(x)  (5) 

k=l 


where  £ ^ 
x 
A 


2ir  , 

"X  sin  V 

distance  from  bottom  of  array, 
wavelength , 


r^  = complex  amplitude  of  kth  wave, 

= angle  of  arrival  of  kth  wave 

and  w is  a random  process.  In  fact  the  sample  functions  from  the  random  process 
will  have  as  their  domain  the  measurement  period  of  the  experiment, 
i.e.,  x = x(t) . 

The  measured  array  distribution  can  firstly  be  filtered  to  reduce  the  effect 
of  added  noise,  thus. 


v(x) 


l h(x,y)  vm(y)  dy 


(6) 


where  L = array  length.  The  optimum  filter  characteristic  h can  be  determined 

(ref. 8)  provided  the  power  spectrum  of  the  signal  is  known.  In  practice  this 

involves  assigning  relative  probabilities  of  occurrence  to  the  various  angles  of 

arrival.  The  object  of  multipath  analysis  is  to  estimate  K and  the  set  fr.  ,£  j 

K K 

by  M and  j a^.lM  ; this  involves  the  approximation  of  v by  the  finite  linear 


combinations  of  functions  e 


j(.)0 


m 


v 


M 


L.  .1 

m=l 


(7) 


Using  the  method  of  Diamessis (ref . 1 1) , equation  (7)  is  recognised  as  the 
solution  of  the  differential  equation 


~ V J 


b v = 0 

o 


(S') 


and 


the  0 

m 


are  found  as  the  solutions  of  the  corresponding  algebraic  equation: 


M-l 


o"-'  + 


b O' 
m 


+ b 


= 0 


(9) 


By  integrating  equation  (8)  M times  the  approximation  is  transformed  into  the 
form: 


v 


M-l 


m=0 


d 


m 


P 

m 


M-l 

m=0 


b 

m 


v (M-m) 


where 


(10) 


v 


(m) 

(x) 


j X j X .j  Xj 

....  v(x,  ) d(jxj  ) ...  d(jxm) 

•0-0  Jo 


and  P is  the  monomial 
m 


Pm  = (jx)ra/m:- 


Since  0 is  defined  to  be  real,  b must  also  be  real.  Then  the  functions 
m m 

defined  bv  the  RHS  of  equation  Min  form  a convex  set  n-  in  the  Hi  lbert  (ref . 121 

space  £:(*),  # = [-L/2,I./2|.  I.et  k be  the  ve  ctor  in  k nearest  to  v.  Then 

o 

by  an  analogous  argument  to  Tuenbergcrfref . I it  can  be  shown  that  in  a complex 
Hilbert  space  the  optimum  approximation  sat  i fies 

Re(v  - v , v1  - vq1  < 0,  v’  €«, 

where  the  inner  product  in  £2  (/■)  is  defined  \ 
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, L/2 

(u,v)  = u(x')  v*(x')  dx',  u,vfl2  (ft, 

J -L/2 

and  x'  is  the  distance  from  the  array  centre. 

Let 


v' 


v 


(n)  . 


then 

Re(v  - v , v(n))  > 0; 
v o 1 

thus  from  equation  (10) 


M- 1 

V 


m=0 


M-l 


Re(d  P , v(n)) 
m m 


L I 

m=0 


b Re(v 
m 


(M-m) 


(n) . 

v ) 


Re(v,v('n-)), 


n = 1 , . . , , M . 


From  the  projection  theoremfref . 13)  we  have  for  the  P , 

m 


M-l 


M-l 


(d  P ,P  ) - b (v(M-m),P  ) 

m m ' r-\  7 m ' TV 


m m n m 

i i £ — i 

m=0  m=0 


(v,  Pn). 


(IHa)) 


n = 1,  ....  M. 


(11(b)) 


Equations  (11)  are  equivalent  to  a 3M  x 3M  real  matrix  equation  compared  with  the 

4M  x 4M  dimension  of  the  normal  equations.  When  the  ib  i have  been  found  the 

m 

set  will  be  found (ref . 11)  as  the  solution  of  equation  (9).  Then  the  matrix 

4 of  coefficients  ai  which  result  in  the  minimum  mean-square-error 

approximation  is  given  by (ref . 13, 14)  the  solution  of: 

a = s (i2) 

where  A and  S have  elements 


X 

m,n 


, »■>« 

(e  , e ) 

sin  L(0  - 0 )/2 

m_  n 

(0  - e )/2 

m n J 


(13) 
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a = (v,  e m)  = 

in 


vfx)  e dx. 


J-L/2 


The  amplitudes  must  then  be  adjusted  according  to  the  inverse  of  the  filter 
characteristic  in  equation  (6). 

3.1  Dependence  of  approximation  error  on  number  of  components 

When  the  number  of  components  is  unknown  a reasonable  strategy  is  to  start 
at  M = 1,  2 ...  and  monitor  the  error  at  each  stage.  Let  (0  , m=l,  Mi  be 

any  set  of  angles;  then  the  corresponding  approximation  error  is 


....  0M)  = v - , 


jf.)0 


where  the  are  found  from  equation  (12) . The  norm  of  the  error  isfref.14) 

|le||3  = || vll 2 - &T*  £.  f 14) 

Clearly  min  Ik  II  is  a non- increasing  function  of  M.  Since  there  is  a 

0,  ...  .0 

significant  amount  of  effort  in  solving  equations  (9),  (11)  and  (12)  it  may 
be  worthwhile  before  progressing  from  the  Mth  to  the  (Mt-l)tn  stage,  to 
obtain  an  upper  bound  for  the  consequent  improvement  in  the  error.  This 
bound  will  also  indicate  the  onset  of  error  build-up  which  will  occur  if 
M>Kor$k=B£j  for  some  k , ( . 

The  bound  can  be  derived  by  considering  a subopt imal  procedure  for 
progressing  from  the  Mth  to  the  (M+l)th  stage.  For  any  v in  , given 

j0  ,m=lf...,Mj  as  the  roots  of  equation  (9),  the  (M+1)th  component  can  be 

m j C • ) ^ 

chosen  as  the  projection  of  e (0,  , . . . ,0  ) along  e M+1.  Then 


(e(0i  , %)’  e 


and (ref. 13) 


VP 11 5 


V - Vi  e 


j(.)0 


M+1,  e(0,  , ...,0M)) 


Hence  the  optimum  error  at  the  (M+l)th  stage  must  satisfy 
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tl  min  f (M  + 1)11 2 < Ik  (0,  , ....  0 )||2  - max  I (c  (0,  , ....  0 ) , e-* 1 ' ^°)|  2 /I, 

M 0 M 


= llvl'2  - 4T*§.  - max  | (v,ej(-)<?)  - \ am  J§~e^T 
0 Z_/  m 

M=1 


sin  L(0  - 0 )/2  2 
ffl 


where  * stands  for  matrix  transpose,  complex  conjugate  respectively.  At 
each  stage  the  vector  product  in  equation  (15)  is  incremented  by  adding  one 
term  and  a unidimensional  search,  the  precision  of  which  contributes  to  the 
tightness  of  the  bound,  is  performed. 

3.2  Simulation 

To  test  the  feasibility  of  the  data  processing  technique  a simulated  signal 
of  the  form  equation  (5)  was  generated  by  computer.  The  filter  characteristic 
needs  to  be  limited  in  the  x-domain  to  avoid  excessive  edge-effect  errors  in 
evaluating  the  convolution  equation  (6).  Accordingly  the  characteristic 
proposed  by  Papoul is (ref . 15)  which  is  optimum  in  another  context  was  chosen. 
This  window  function  obeys 

h(x)  = 0,  I xl  > X 

and  the  half-power  width  is  also  approximately  X.  The  error  in  determining 
the  component  amplitudes  and  angles  of  arrival  is  given  by 


* Si 
m 


* - 
m 


when  M is  set  equal  to  K.  As  X/L  increases  the  noise  power  is  reduced  and 
e consequently  decreases  until  effective  shortening  of  the  record  due  to  the 
finite  width  of  h in  the  convolution  (6)  becomes  apparent.  This  behaviour 
is  shown  in  figure  6 for  the  case  of  a 64-element  array.  The  minimum  of 
the  curve  occurs  for  smaller  values  of  X/L  than  would  be  expected  from  the 
spectra  of  the  signal  and  noise.  Further  refinement  of  the  numerical 
integration  procedures  may  overcome  this  discrepancy.  The  dependence  of 
the  error  on  signal -to-noise  ratio  is  shown  in  figure  7.  It  can  be  seen 
that  the  angle  of  arrival  of  the  second  component  is  well  within  the  array 
beamwidth  so  that  the  resolution  is  really  related  to  the  acceptable  error 
in  the  parameter  determination.  The  resolution  clearly  depends  on  the 
signal  to  noise  ratio  but  values  of  12  for  2 and  6 for  3 components  have 
been  demonstrated. 


DISCUSSION 


The  paper  has  described  an  experiment  currently  being  implemented  using  a 
1 inear  coherent  array  operating  at  one  frequency  and  referred  to  a complementary 
experiment  employing  a single  receiving  antenna  and  a wideband  test  signal. 

The  objective  is  to  obtain  a better  model  of  the  troposphere  for  radio  system 
planning  purposes.  The  specific  data  required  for  an  adequate  model  is  the 
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statistical  distribution  of  multipath  wave  amplitudes  and  arrival  angles. 

The  core  of  the  experiment  is  the  processing  of  the  complex  received  signal 
vector.  Using  conventional  Fourier  analysis  the  resolution  in  angle  of  arrival 
(or  delay)  is  of  the  order  of  the  inverse  array  length  in  wavelengths  (or  signal 
bandwidth).  The  method  of  data  processing  described  improves  this  figure  by 
about  an  order  of  magnitude  and  it  is  hoped  that  the  resolution  will  be  sufficient 
to  determine,  by  comparing  arrival  angles  and  delay  times,  whether  multipath 
component  waves  are  continuously  refracted  by  thick  tropospheric  layers  of  high 
refractive  index  gradient  or  sharply  reflected  by  thin  layers. 
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Figure  1.  Pakenham  - The  Gurdies  path  profile 
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Figure  2.  Location  of  experimental  radio  path 
Pakenham  - The  Gurdies 
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Figure  3.  Reference  transmitter 
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Figure  4.  Block  schematic  of  one  receiving  channel,  recording  and  control  equipment 
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SCAR  - THE  MPL  SCATTERING  ARRAY 

T.G.  Birdsall  and  G.T.  Kaye,  University  of  California,  San  Diego 
Marine  Physical  Laboratory  of  the  Scripps  Institution  of 
Oceanography  San  Diego,  California  92132 


SUMMARY 

A horizontal  two-dimensional  receiving  array  of  128  hydrophones  arranged 
in  a 45  ft  diameter  circle  about  a single  source  (transmitter)  is  used  to 
resolve  scattering  or  reflecting  planes  or  points  directly  below  the  array 
in  1024  1-ft  depth  increments.  The  purpose  is  the  study  of  scattering  from 
water  density  microstructure,  such  as  internal  waves. 

The  signal  processing  is  designed  for  real-time  on-site  use  with  a 
repetition  interval  of  5 s.  The  processing  uses  hard  clipping  (1  bit)  at  the 
receivers,  and  a sampling  rate  of  up  to  4 kHz.  The  digital  processing 
successively  focuses  the  array  at  each  of  200  plane  zones  (each  about  1 ft 
square)  at  each  depth. 

The  processing  hardware  is  based  on  a PDPU  minicomputer  with  disc,  and  a 
Microdata  3200  microprogrammed  processor. 

The  design  philosophy,  implementation,  key  problems,  and  operation  will 
be  discussed. 
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1 . INTRODUCTION 

The  Scattering  Array  (SCAR)  is  a large-aperture  planar  hydrophone  array  with 
a sound  source  that  is  being  used  to  observe  the  sound  scattering  from  fine- 
scale,  layered  structures  of  water  temperature  and  salinity  gradients.  From 
these  observations  the  evolution  and  destruction  of  density  features  in  the  upper 
400  m of  the  oceanic  water  column  will  be  studied. 

The  array  and  source  are  mounted  on  a 70  ton  submersible  barge.  This  barge 
has  physical  dimensions  of  approximately  15  m x 15  m x 2 m.  It  is  towed  to  sea, 
submerged  and  suspended  from  a surface  support  vessel.  Then  the  sound  source 
and  128  hydrophones  are  connected  to  the  signal  processing  hardware  aboard  the 
surface  support  vessel  for  real-time  data  monitoring  and  analysis.  When 
submerged,  the  barge  is  a very  stable  platform  which  varies  less  than  h°  from  a 
horizontal  orientation. 

The  basic  construction  of  the  array  is  shown  in  figure  1.  Seven  modules  of 
angled  steel  were  constructed  and  bolted  together  to  form  the  barge.  Within 
each  module  are  mounted  two  pipes,  60  cm  in  diameter  and  14  m in  length,  which 
serve  as  buoyancy  tanks.  Piping  runs  from  the  compartments  of  these  fourteen 
tanks  to  the  diving  control  station  on  the  bow.  The  fully  assembled  array  is 
shown  in  figure  2.  It  is  loaded  aboard  a large  trailer  for  towing  ashore  and 
is  launched  via  a seaplane  ramp.  The  trailer  is  detached  from  the  barge  after 
launching.  The  tubes  on  top  of  the  barge  house  the  suspension  system.  On  the 
bottom  of  the  barge  (figure  3)  are  mounted  128  hydrophones  with  their  accompany- 
ing cones  and  baffles.  All  of  the  cones  lie  within  the  same  horizontal  plane 
to  ± 1/3  cm,  when  the  array  is  in  the  water.  The  sound  source  is  shown  in  the 
upper  centre  of  the  figure. 

After  the  barge  has  been  towed  to  sea  (figure  4) , four  suspension  cables  are 
connected  to  the  surface  support  vessel.  Two  SCUBA  divers  on  the  barge  flood 
the  buoyancy  tanks  and  dive  the  array  to  a water  depth  of  20  m.  Then  the 
electrical  cable  bundle  is  lifted  to  the  surface  and  connected  to  the  computer 
hardware  aboard  the  surface  support  vessel.  The  suspension  cables  are  connected 
to  a series  of  compression  springs  in  the  suspension  tubes.  The  movement  of  the 
surface  vessel  is  compensated  by  spring  compression  rather  than  by  array  motion, 
for  vertical  excursions  of  3 m or  less.  As  a result,  the  array  is  effectively 
decoupled  from  the  motion  of  the  sea  surface,  thus  avoiding  a difficult  signal 
processing  problem. 

A few  basic  words  are  in  order  for  the  reader  who  is  unfamiliar  with  underwater 
acoustics.  The  speed  of  sound  in  seawater  varies  from  about  1500  m/s  at  the 
surface  to  perhaps  95%  of  this  in  the  cold  water  of  a deep  ocean.  In  the  large 
oceans  the  speed  of  sound  will  increase  again  at  great  depths  due  to  the  increased 
pressure,  even  increasing  beyond  that  at  the  surface.  Such  a picture  has  to  be 
modified  to  admit  a complicated  regime  of  temperature  and  salinity  non-uniformities 
that  produce  a layered  structure  with  sharp  gradients,  moving  perhaps  randomly  or 
perhaps  propagating  as  gravity  driven  waves. 

The  variability  of  the  sound  speed  is  the  major  source  of  confusion  in  all  long 
range  acoustic  propagation,  and  even  in  many  short  range,  high  precision 
situations.  On  the  credit  side,  the  slow  speed  of  sound  (think  of  it  as  meaning 
1 , 230,000  u s/mile)  allows  extensive  computer  processing  to  occur  during  the  time 
it  takes  for  the  pulse  to  propagate  and  return. 
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The  slow  speed  of  sound  has  another  impact  on  active  sonars.  Sequential 
scanning  of  angles,  in  two  dimensions,  would  take  "forever"  if  each  "look" 
consisted  of  one  or  more  pulses  transmitted  in  and  received  in  a narrow  beam. 
Sonars  generally  transmit  in  wide  beams,  but  form  a large  number  of  "preformed 
receiving  beams"  which  process  the  same  return.  Thus  angular  resolution  is  the 
business  of  the  receiving  array,  not  the  transmitter.  These  receiving  arrays 
usually  consist  of  a large  number  of  hydrophones  (point  sensors)  which  may  be 
configured  in  a line,  about  a surface,  or  throughout  a volume. 

SCAR  is  a research  array,  and  as  such  the  array  and  the  processing  must  be 
robust  enough  to  succeed  in  spite  of  many  unknowns,  and  adaptable  enough  to  be 
modified  easily  as  more  becomes  known.  The  adaptation  capability  means  that  the 
signal  processing  is  not  cast  in  concrete.  We  can  report  its  current  state, 
but  it  will  change. 

The  basic  parameters  that  the  SCAR  system  should  extract  from  layers  or 
layer  boundaries  are 

(1)  where  are  they? 

(2)  are  they  flat  or  tilted? 

(3)  is  the  return  from  a layer  or  from  point  scatterers  in  the  layer? 

The  first  question  of  "where?"  is  answered  by  a depth,  meaning  straight  down. 
One  of  the  original  unknowns  was  the  fluctuation  from  horizontal  that  SCAR 
itself  would  experience.  This  was  one  reason  that  a large  number  of  beams 
were  selected  (16  x 16  = 2S6  beams)  and  why  auxiliary  level  sensors  were  mgunted 
on  SCAR.  Recent  tests  have  indicated  the  maximum  array  tilt  is  about  O.S  . 

Layer  tilt  will  be  determined  by  a combination  of  measurements  from  beams  at 
different  angles,  and  from  the  layer  depth  plots  that  will  develop  as  the  layers 
propagate  or  drift  past  on  currents. 

The  ocean  is  filled  with  many  point  reflectors  or  scatterers,  biological  life 
with  gas  or  oil-filled  bladders  (for  density  control)  and  various  types  of 
debris.  A density  gradient  may  cause  an  echo  directly,  or  perhaps  an  even 
larger  echo  may  occur  because  of  life  or  debris  that  has  temporarily  collected  at 
a specific  density. 

A major  research  uncertainty  is  the  best  operating  frequency,  or  suite  of 
frequencies.  The  transmitter  and  processing  currently  operate  from  2 kHz  to 
16  kHz,  using  a 0.5  ms  to  1 ms  pulse.  The  array  beam  pattern  changes 
considerably  over  this  8:1  frequency  band.  To  eliminate  secondary  lobes  each 
hydrophone  is  mounted  in  a cone  coated  with  pressure  release  material  to 
restrict  its  effective  field  of  view  to  ±5°. 

A final  and  quite  common  uncertainty  is  the  required  dynamic  range,  since 
scattering  strength  from  the  layers  is  not  well  known.  The  SCAR  processing 
currently  uses  a polarity-only  processing  ("hard  clipping")  which  destroys  the 
absolute  level  but  which  acts  to  preserve  relative  levels  "locally".  A high 
degree  of  redundancy  in  computation  helps  to  smooth  through  roughness  caused  by 
clipping.  That  is,  the  beam  and  range  steps  are  considerably  finer  than 
resolution  would  dictate. 


2 SIGNAL  PROCESSING 

All  128  hydrophones  and  auxiliary  array  housekeeping  signals  are  individuals 
cabled  up  to  the  Oceanographic  Research  Buoy,  ORB,  from  which  SCAR  is  suspendrJ 
After  amplification  each  hydrophone  signal  is  quadrature  demodulated,  which 
converts  the  physical  real  signal  to  a complex  valued  analysis  signal 
currently  accomplished  by  taking  a pair  of  samples  at  one  quarter  cvv  le  rr 
frequency  spacing.  The  timing  between  pairs  of  samples  is  always  i ■ . 
number  of  cycles  of  the  transmit  frequency  and  at  least  28  in 


